I “W NCS TIB 81-4
mw

NATIONAL COMMUNICATIONS SYSTEM

! ~

ADA102596

TECHNlCAL |NFORMAT|ONMBQLLET|N.}
Ufj /¢ ~-TI" "31-4

&/ CCITT STUDY GROUP XVIIl
~ WORK PROGRAM 1981-84;
(INTEGRATED SERVICES
DIGITAL NETWORK)

O/TJNmm /) j

APPROVED FOR PUBLIC RELEASE / ; /
DISTRIBUTIO UNLIMlTED /7

8 07 070

DTIC FILE COPY




Best
Available
Copy



i

i

O e g o Ao

SECURITY CLASSIFICATION OF THIS PAGE (When Data Entered)

REPORT DOCUMENTATION PAGE BEFORE COMPLETING FORM

1. REPORT NUMBER 2, GOVT ACCESSION NOJ 3. RECIPIENT'S CATALOG NUMBER

NCS TIB 81-4
4. TITLE (and Subtitle) 5. TYPE OF REPORT & PERIOD COVERED

1981-84 CCITT Study Group XVIII Interim

Work Program (Integrated Services Digital

Network (ISDN)) 6. PERFORMING ORG. REPORT NUMBER
7. AUTHOR(s) 8. CONTRACT OR GRANT NUMBER(s)

International Telegraph and Telephone Consulta-
tive Committee (CCITT)

9. PERFORMING ORGANIZATION NAME AND ADDRESS 0. PROGRAM ELEMENT, PROJECT, TASK
AREA & WORK UNIT NUMBERS

1. CONTROLLING OFFICE NAME AND ADDRESS 12. REPORT DATE
June 1981
13. NUMBER OF PAGES
_ 179 _ i
14, MONITORING AGENCY NAME & ADDRESS(!f different from Controlling Otfice) 15. SECURITY CLASS. (of thia report)
Off1: ce of Technglog_y and Standards Unclassified
National Communications System
Washington, D.C. 20305 15a. gg&ls_éailé-‘lcxnonlDOWNGRAD!NG

16. DISTRIBUTION STATEMENT (of this Report)
Distribution unlimited; approved for public release.

17. DISTRIBUTION STATEMENT (of the abairact eatered in Block 20, if different from Report)

18. SUPPLEMENTARY NOTES

19. KEY WORDS (Continue on reverss side if nacessary and identify by bloc!; number)
ISDN Timing
CCITT Study Group XVIII Speech Coding
Integrated Digital Networks

%ABS‘T‘RACTMM ws reverss side i necessary sod Identify by block number)
his Technical Information Bulletin (TIB) preprints the text of the Questions,
approved by the International Telegraph and Telephone Concultative Committee
(CCITT) 1980 Plenary Assembly, for study by CCITT Study © >up XVIII during the
1981-84 study period. These questions, relating to the Integrated Services
Digital Network (ISDN), provide an insight into the direction international

*

stapndards and networks are heading, and how they will look in the future.{‘-\

DD \vys 1473 Eoimon oF 1oV 6515 oBsoLETE Unclassified
SECUMTY CLASSIFICAS IGN GF THIS PAGE (When Data Entered)




¢

SECURITY CLASSIFICATION OF THIS PAGE(Wnen Data Entersd)




NCS TECHNICAL INFORMATION BULLETIN 81-4

1981-84 CCITT STUDY GROUP XVIII WORK
PROGRAM (INTEGRATED SERVICES DIGITAL NETWORK (ISDN))

JUNE 1981

PROJECT OFFICER: APPROVED FOR PUBLICATION:

Yeridotb L Cans
ROBERT M. FENICHEL MARSHALL L. CAIN
Electronics Engineer Assigtant Manager for

Office of NCS Technology NCS Technology and
and Standards Standards

FOREWORD

Among the responsibilities assigned to the Office of Technology and
Standards, National Communications System (NCS), is the management of the
Federal Telecommunication Standards Program, which is an element of the
overall GSA Federal Standardizatiom Program. Under this program, the NCS,
with the assistance of the Federal Telecommunication Standards Committee,

identifies, develops, and coordinates proposed Federal Standards which either
contribute to the inteoperability of functionally similar Federal
telecommunication networks or to the achievement of a compatible and efficient
interface between computers and telecommunications. In developing and
coordinating these standards, comnsiderable effort is expended in initiating
and pursuing joint standards development efforts with appropriate technical
committees of the Electronic Industries Association, the American National
Standards Institute, the International Organization for Standardization, and
the International Telegraph and Telephone Consultative Committee (CCITT) of
the International Telecommunications Union. This Technical Information
Bulletin presents a reprint of questions allocated to CCITT Study Group XVIII
for the 1981-1984 plenary period (document COM XVIII - No. 1-E). These
questions, relating to the Integrated Services Digital Network (ISDN), provide
an insight into the direction international standards and networks are
heading, and how they will look in the fiture. Any comments, inputs or
statements of requirements that could assist in the advancement of this work
are welcome and should be addressed to:

Office of Technology and Standards
National Communications System
Washington, DC 20305

Telephone (202) 692-2124
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QUESTION 1/XVIII - General network aspects of an Integrated Services Tigital
Network (ISDN) (continuation of part of Question 1/XVIII,
studied in 1977-1980)

This Question is concerned with overall studies related to the general
features of future Integrated Services Digital Networks capable of satisfying the
requirements of many different services. Study Group XVIII will define the scope and
framework of an ISDN and identify the services which may be incorporated in such
networks. It will study the evolution of Integrated Digital Networks (IDNs) dedicated
to specific services (e.g., telephony, data) towards an ISDN.

The objectives will be to define overall network and system principles which
can form a basis for study and Recommendations by appropriate specialist CCITT
Study Groups. The generic features appropriate and applicable to an ISDN will be
identified together with optional service dependent features applicable to part of an
ISDN.

The study of the following five related aspects will take into account the
congiderata arising from studies carried out during the 1977-1980 study period as
recorded in Annex A to this Question. In addition, the multiple aspects of this work
require coordination between the various Study Grovs .1volved (e.g., Study Groups III,
VII, XTI, XV, XVI, XVII and XV).

Some of these Questions have to be studied initially by Study Group XVIII,
with high priority, to enable other Study Groups to initiate or continue their work
and to draft Recommendations within the current CCITT study period. In other cases
Study Group XVIII needs information from other Study Groups in order to make progress
in its own network studies.

Recommendation No. G.705 provides information and I ‘ture developments of
the ISDN.

Studies of ISDN aspects vere carried out under Question 1/XVIII during the
1977-1980 study period and a partial reply to that Question is reproduced as Annex 1
to this new Question. Annex 2 records many points already identified and of relevance
to the ongoing studies. Annexes 3 and L contain significant information which ves
not fully considered before the end of the atudy period. These Annexes are alsc of
relevance to other nev Questions of Study Group XVIII.

Fote : The Chairmen and Vice-Chairmen of the Study Groups involved (Study Groups III,
VII, XI, XV, XVI, XVII and XVIII) will jointly assess thz progress made by the various
Study Oroups and initiate any steps necessary to expedite the work. This should take
place at about the middle of the study period (e.g. beginning of 1982), with the
Chairman of Study Group XVIII acting as convenor for this coordination.

Considering

a) that the requirements of dats transmission services and several nev non-voice
gervices are being studied by CCITT.

Note : In several countries services dedicated digital networks are already in service
or will be instaiied for non-voice services that may use part of the ISDN for access
to this network.
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b) many countries wish to adopt a common strategy for extending the use of
Integrated Digital Networks (IDN) beyond the telephony application to form Integrated
Services Digital Networks,

c) telephony service will constitute the major portion cf the carried load on
digital networks characterized by time division transmission and switching and
common-channel signalling,

d) efficiency and economy of methods of accezs to the ISDN from customer
terminals are significant factors in planning the local network,

e) CCITT Recommendations on digital switching and inter—exchange signalling,
vwhich tske into account the future evolution of the IDN fer telephony towards the
1SDN, are already available in the Q series and msy form the basis for further
Recommendations on ISDN.

Point A. Service aspects

1. Which services should be taken into account in the establishment of
network features of the ISDN ?

2. What are the netvork features needed to support these services 7 Which
network features should be regarded as general throughout the ISDN, and which should
be classed as service dependent for particular service applications ?

Note : Among other network features, attention should be paid to charging so that
adequate information could be made available for charging purposes.

3. For which services, if any, should a change of gservice on an established

connection be envisaged 7 What are the implications and requirements of such a
feature ?

k. What kinds of leased paths will be required in the ISDN vhen it is in
videspread cperation ?

Hote 1 : Services should be identified which will supplant existing leesed line
services.

Note 2 : Consideration should be given to the use of semi~-permanent connections,
closed user group and hot-line features, remote switching units ete,

Point B. Retwork aspects

1. What are the principles in terms of network structue and systems
architecture which define the ISDN and which form the basis 7 -r study of specific
aspects 7

2, Should layered protocols and functional layers be adopted for ISDN to form
the basis of CCITT Recommendations ? If so, what are the characteristics of this
layering, and in which way is the crcept of functional layers used with respect to
sub~systems, such as, e.g., the signalling channels ?

3. What are the implications of ISDN on numbering plans and service indicators
for telephony and other services 7

L, What methods of voice band encoding other than standard FCM (see also

Queation 7/XVIII) and what forms of digital speech interpolation can be considered in
relation to the evolution of the ISDN 7

(22)
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= Point C. Customer access

= What are the principles in terms of network structure snd svatems
architecture which define customer access to ISDN and vhich show.d form the basis of
studies of related transxission, switching, signalling and interface aspects ?

= Point D. Interworking
What are the principles vhich should form the basis for detailed study of ine
interfaces interconnections and interworking between ISDN and service dedicated
netvorks ?
= The following specific points should be inc “sd in the studies :

| i) At vhat point in the connection should spe: . .. .~ scessing for interworking
be accomplished (e.g., in the originating o. <er inating country) ?

("8
e
St

- What netvorks should be given preference to complete connections in a transit
1 csll situation ?

{1i) what special problems arise from the use of ISIN to provide interconnections
of particular services (e.g., according to X.21, etc.} via different

- netvorks, and vhat restrictions or restraints should be placed on services

= or networks vhen intervorking {(e.g., to accommodate accounting, timing and

= signalling, features) ?

= iv) What methods should be recommended for acc.ssing ome network from another ?

= v) How should conversions be accomplished (e.g. date to data, voice to data) 7

= vi) What arrangements or procedures are needed to accommodate the accounting
function for a coanection involving mixed networks ?

vii) Wwhat influence would different national applications of service integration
; - have on the international network with regard to intervorking ?

viii) What special problems arise from the use of ISDN to interconnect netwvorks
carrying services to existing standard terminal interfaces 7

ix) What are the possibilities of application of service bits allocated in
primary PCM and higher order digital systems in national and international
digital networks ?

Point E. Guidelines to facilitate evolution towards ISDN - ’

Which strategy should be folloved in order to facilitate and speed up the
establishment of & worldwide ISDN ?

Note : It should be taken into consideration that, in the introductory period, it will
be necessary to establish an ali-digital netvork mainly for the needs of "buainess
gubscribers” who represent only a small percentage of the overall number of subscribers
but vho originate a substantial portion of the traffic. It may be useful to create a
digital "overlay network” in each country and to interconnect these national networks
by digital links.

il
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Annex 1
(to Question /XVIII)

il
it

Partial reply to Question 1/XVJZIIr. point A
(study periocd 1977-1980)

1. Introduction

During the 1977-1980 study period, members of Study Group XVIII have
reflected increasing interest in ISDN as a possible means of enhancing
telecommunication networks to support an increasing range of services. An important
aspect of the work has been the extension of digital techniques to the customers’
premises to give digital access to ISDN.

The relevant part of Question XVIII/1 is reproduced for referepce
purposes : "'On what general philosophy should the design and introduction of digital
systems be based ? For example, what principles should be applied for the
implementation of dedicated integrated digital networks (IDNs) for various services
and what provisions should be made to facilitate the evolution towards the possible
future integrated services digital network (ISDN) 7"

o I

= = 2, Recommendation G.705 provides information <oncerning the future
: development and evolution of the ISDN.

= 3. In view of the urgent intersst in general ISDN matters, and the availability
of recant documentation which had not been fully discussed before the final meeting
of Study Group XVIII, it was agreed that a means should be found of continuing the

23 work and preparing documentativa to form an early input to studies in the next

study period. Although the formal CCITT organization does not make specific provisions
to continue studies duripg the transition period from one plenary period to the next,
= Study Group XVIII invited the Rapporteur for ISDN aspects (Question 1/XVIII, point A
of the 1977-1980 study period) to continue work by correspondence with delegates of
other countries who hed already expressed a wish to participate in this work. It vas
also foreseen that it might be desirable to have a meeting of those involved very
early in the next study period. An approach would be made to the Chairman designate
of Study Group XVIII to make the arrangements, should such & meeting be necessary.

L. In order to give some interim fuidance to national studies of ISDN and related
development work, Study Group XVIII drew attention to the points of view expressed in
the following paragraphs. These were supported by Study Group XVIII and therefore
reflect confidence in the approsch indicated. The points ave recorded under headings

. vhich identify different aspects of ISDN and facilitate separation of the subject
into reasonable study areas.

5. Bervice aspects

Information exists on a vide range of existing and new voice and data
services, and it is recognized that ISDN has generic features capable of supporting
many of these. In addition there is scope for adding service-dependent features to
appropriate parts of the netvork to satisfy particular requirements or to give
intervorking access to service ~dedicated networks. Thus the possible implications
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of all services will need to be considered in the future, but it is proposed that
initial attention should be concentrated on :

- Digital telephony to ensure that adequate provision is made for the
predominant service.

- Nev services for vhich the capabilities available on ISDN are sufficient.

6. Network aspects

The telephone network will evolve towards an IDN with swvitched 64 kbit/s
telephony channels and it is expected that other services would be integrated with
that network during evolution towards an ISDN.

Constraints may be placed on the use of the 6L kbit/s capacity to accord
with internationally agreed standards for some services. Connections through ISDN
could be switched or semi-permanently connected and "wider-band” services may be
carried by using multi-slot connections at n x 64 kbit/s, All ISDN exchanges are
expected to have stored program control and inter-change signalling (CCITT No. 7
ephanced), with digital transmission paths on routes offering full ISDN service
capabilities. Provision must be made for restricting service vhen interwvorking with
equipment or networks having limited capability (e.g. calls routed through
transpultiplexers or into the analogus telephony network).

7. Local network access

Digital transmission techniques in the local network will extend ISDN
to customers premises over a basic access which may, for example, be at 72 or 80
kbit/a. Other types of access will be considered as appropriate. The basic access
wvill then provide a 6L kbit/s information channel and a separate channel. The
64 kbit/s channel may be dedicated to a particular service or used alternatively for
voice or data, and on an established digital comnection the path may be sub~divided
for several lover—-rate services. Capacity of the separate channel is expected to be
8 or 16 kbit/s and would carry customer/network signalling and possibly low speed
telemetry.

Two methods of further exploiting the separate channel have been identified :

i) Onpe method foresees that the separate channel would be dynamically
allocated also to carry a form of data-message service.

ii) In another method the separate channel would be sub-multiplexed into two
channels of A1 and Ap kbit/s. One of these channels would be used for data
services at up to Az kbit/s in the local network, with rate adaptation for
switching through ISDN at 6L kbit/s. The other at 4; kbit/s would carry
customer/network signalling for the &4 and 45 kbit/s channels, and possibly
low speed telemetry.

Alignment informaticn for the basic access should also be provided, e.g.
exploitation of the line transmission system; allccation of capacity within the
72 cr 80 kbit/s.

Where justified (e.g. PABXs) a primary order digital path carrying a multiplex
of 24 or 30 channels may be extended to a customers premises, to provide several
6L kbit/s channels (see aiso paragraph 9}. <Customer/netvwork signalling may be
concentrated in one €4 Abit/s channel. This structwre could aisc apply vhere a group
ISDN customers are connected via a multiplexer in the local network.
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8. Customer interface

Figure 1 shows the functional elements of customer access to ISDN and
interfaces A and B apply to the customers premises. A considerable amount of further
study is needed to establish preferred arrangements for connecting the wide range of
voice and data terminals, some of which already exist with defined interface standards.
Possible ISDN accesses at 72 or 80 kbit/s and 1,54k or 2,048 kbit/s would apply to
interface B and little would be needed in the form of Network Termination for
terminals which conform to these accesses. Connection of other terminals at interface
A vould require appropriate conversion functions in the Network Termination.

The layered model approach, devised for data services (see Study Group VII
reference) may offer s convenient method of assisting the definition of the
characteristics of interfaces A and B, which must be studied in conjunction with the
customer/network signalling (paragraph 10).

0

1

'
b——0——o{ ET
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Customer Terminals
Network Termination
~ Line Termination

~ Exchange Terminal

Figure 1 - Functional interfaces for digital local access

9. Local network transmigsion

Standards are available for digital transmission between exchanges and these
could form & basis for transmission in the local network. Studies of ISDN access show
a need for at least two types of system : one operating at current hierarchical rates
(e.g. 1,54k or 2,048 kbit/s) ar.d another to carry the basic access proposed in
paragraph 7. Future studies may identify the need for other systems, including a
smaller capacity multiplex for operating over existing local network cables.
Specification of interfaces B and D will allow evolution of the transmission system
somewhat independently of terminal and exchange equipment, in particular it is
expected that nev transmission media including optical fibre, coaxial and radio systems
will be used as appropriate.

10. Customer/network signelling

Digital accese to ISDN will include a separate channel to carry customer/
network signalling and possibly other information as deseribed in paragraph 7. The
Link Access protocols of the signalling system carried in this channel may be based
on the exchange of frame formatted information using procedures similar to those
recommended in level 2 of S8 CCITT No. 7 and Recommendation X.25. This approach should
give a very flexible, open-ended signelling capability, compatible with the requirements
of nev telecommunications terminals. The use of modern technology should ensure that
the relative complexity of this method doea not lead to excessive cost.
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The Call Control aspects of the customer/network signalling require further
study, taking into sccount information relating to existing telephony service
(loop/diaconnect and multi-frequency push-button systems) and circuit switched data
services (X.21).

The customer/network signalling should also operate where a multiplexer is
used in the local network. Signalling messages could, for example, be concentrated/
distributed betwveen several digital local lines and a common channel to the local
exchange. This application would be very similar to the digital PABX served by a
multiplex system and the studies of customer/network signalling should consider both
situations.

11. Switching aspects

Digital trunk and local exchanges are already required to operate with digital
transmission systems, and primary and secondary order multiplex interface standards

for digital exchanges are available at 1,544, 2,048 and 8,4U8 kbit/s. To a large
extent these standards could apply also vhen multiplex systems are used on the
local network side of the exchange.

A pew interface must be specified for the basic access described in paragraph 7,
giving due consideration to the means of implementing conventional telephony functions
(BORSCHT) and including any adaptation of other services for switching at 64 kbit/s.
This interface may be similar to that existing at the local access to a remote
maltiplexer or concentrator.

12. Intervorking

While it has been recognized that ISDN may be used as a means of access to
service-dedicated networks the interworking arrangements have not yet been studied
in detail. However, intervorking in such cases is expected to be at the inter-exchange
level, possible via nominated "gateway" nodes, and the arrangements could be based on
specifications existing for inter—exchenge signalling. (JCITT No. 7 as used in the
telephony network, X.T5 as used in Packet Data Networks and X.60 as used in Circuit
Switched Data Networks.)

13. Humbering and addressing

Study Group IVIII recognizes the importance of the numbering and addressing
arrangements vhere different services are carried on an integrated services digital
network. Since the telephony based on IDN is expected to be an important basis for
the development of the ISDN, the mumbering scheme could similarly growv from that
used for the telephony service. Further study is needed to establish a flexibile
scheme, vith a degree of independence between the identity of a network termination
and the services available to a customer on that termination. The Study Group VII
proposals for dedicated data networks have some relevance.
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Annex 2
{vo Question 1/XVIII}

AT o

A basis for study of ISDH

Studies of the arrangements for customer access to the ISDN through
Contributions and discussions have lead to the establishment of some study pointr
relating to system structure and network architecture. These points are generally
considered to be a good basis for the on going studies but the increasing volume of
documentation and related discussion is making it more difficult to locate the
information. This Annex contains a first draft which may be used as & common basis for
further study of the ISDN and customer access arrangements. )

R

For this Annex the points have been largely extracted from existing
Study Group XVIII documentation, modified by discussion where necessary, and reproduced.
It is intended that an edited and possibly extended version should be made available
for the April 1980 meeting of Study Group XVIII, and later annexed to the ISDN
Questions for the next study period.

The points in this Annex are divided into different aspects (network,
signalling, transmission, interfaces and terminal) and are mainly related to the
emerging 64 kbit/s IDNs.

AN

The material comsists of various views and ideas that have been presented
in documentation. They do not constitute an agreement that this is the wmy an ISDN
will develop. In fact several of the points may be inconsistent, incomplete or not
mutually exclusive.

1
il

)

1l

Further studies are required to consolidate these ideas and to formulate
agreed principles upon which furttrer work may be based. It is particularly important
that interface and signalling concepts be agreed early so that the detailed
development of appropriate Recommendations may be undertaken.

= Future studies are expected to provide clarification and elaboration of

z these points, leading towards the establishment of the main principles for ISDR. It
== is scknovledged that newv techniques and technologies may emerge, together with further

network and service option, and these will lead to the establishment of additional

§ points as and vhen the need arises.

i :
= oo The telephone network will evolve towards an Integrated Digital Fetwork {Tom) .
= with swvitched 64 kbit/s telephpny channels and it vas expected that other :

services would be integrated wvith that network during evolution towards
an Integrated Servi-=s Digital Network (ISDR).

R2 The introduction of new services must not prejudice telephony which was
expected to predominate indefinitely.

Dependent on the need of the individual subscriber, flexibility should exist to
provide various access types e.g.

a) many subscribers may require only dedicated access to a particular fundamental
service on the ISDN (telephony or data);
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i i s, on 11-by-call basis, to two
b) scme customers may require alternative access, on g cell-by .

or more services;

¢) same custamers may require simultsneous access to twe or more services;

) i i in Recommendation %.2 and possible iz
&) supplement seryices such as 1191‘.?& in z X
ot te.lephlo?;i exchrges should be possible in a hu.rmcz_uzed form for data and telephony
{e.g. network recall, closed user groups, call deviastion etc.);

e} new service forms such as with multi-purpose terminals includircg the capability
. . )
to change from voice to pon-voice or the simultaneous use of both are tc be expected.

£3 Flexibility is needed to permit progr-ssive introduction of v?rious pev
services, many of which are not yet wsll defined. The objective vox.xld .
therefore be to establish network capsbilities for subsequent sxploitatiosn.

“The ISDN access arrangements should be opti}nized for digica.l services altkough
“due account should be taken of the large and continuing population of anslogue

telephone and lines

Nk

s In studying festures of customer access attention should be paid to the
usefulness of structuring the interface in functional levels in order
to avoid unnecessary constraints on techmological evolution. It is
important to establish a level for the ccmmon telephony interface,
as a basis for the multi-service ISDN terminal.

{6 While it is recognized that customers will have access to s local
concentrator or exchange, and that the local exchange will provide many of

the basic telephony and perhaps other services, some specialized services need

not be provided by all local exchanges. The concept is that local exchanges can
provide access, on a call-by-call basis, to other exchanges in the network which can be
regarded as special nodes because they provide additional service capabilities. Access
10 such nodes could for example be or demand folliowing class of service or selection
information, or on a hot-line basis for every call from a particular customer. One
example of such use of the ISDN would be in the provision of access to a data packet
switching exchange. t is recognized that this concept would significantly infliuence
the studies of customer access to the ISDN.

T During future studies, some considerations should be given to the possibie
use of transmission rates lower than 6k kbit/s (e.g. 32 or 16 kbit/s) for telephony
paths in the network, and the effect such paths might have on other customer services
in the ISDR,

4 During future studies, some consideration should be given to the possible use
or bit saving techniques e.g. differential encoding for providing "wideband speech” at
6k kbit/s.

I'c Fature studies of ISDN access should take into account the probability that :-
aj Integrated Services Digital Networks (ISDN) for telephony,. data

and other services will be groving rapidly in the next few years;

5} the cost oI extending digital transmission to the subscriber’s location
can be expected to become progressively lowver;

2}, nev services and facilities can be provided by taking advantsge of the
inherent characteristics of the ISDN;

] nevw signalling arrangements will be needed both from exchange to subseriber
ani subscriber to sxchange;

(22)
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N10 &) There is a need to'develop vithin & cammon framevork coherent arrangements
for customer access to different services provided by the ISDN;

b) such arrangements have to allov various network architectures, taking into

account the varying coaditions in different countries;

N1 In an Integrated Services Digital Network (ISDV) a connection may be
required fcr a call which:=

1. 1is exclusively voice (V) service, including unstructured informetion;

11. 1is exclusively Digital Non-Voice (D¥V) service:

iii, changes from voice Service to Digital Non-Voice Service or vice-versa
during the call to provide alternative services.

. iv. wvoice and non-voice services on a wholly digital comnection tc provide
= services which, to the user, appear to be similtaneous;

- N12 “"Another aspect needing an early decision is that of continuous trans-
= 2 mission of signals on the subscriber line, even under idle conditions
: between calls. Some signalling methods and supplementary services

(#.g. burglar alarm etc.) m8Y: only be implemented when the subscribe
transmigsion system is, operating continuously. er line

g

oy

N13 Some administrations are preparing plans for extensive introduction

= of digital transmission and switching equipment, and studying ways
of exploiting the emerging digital neatwork by extension of the IDN
capabilities dowt to the premises of customer who can utilise thoss
capabilicies. These networks will not be extensive in the early yaars
but suitable standards are nesded to ehcourage steady evolution.

il
A S A 0 A g 0

The national conditions for service inteqration may differ berween
countries and evolution towards an integrated services network

will vary accordingly. In order to provide a3 common basis for inter-
national standardization of digital networks, however, it is essential
to adopt 3 common strategy for developing an ISON from the telephony
10N. -

N1k

oy

These varying conditions give rise to the following objectives:

- introduction of new services and facilities should not give
significant cost penalty to the major telecommunication servics
in the network

~ as introduction of new services and facilities will! be 3 continuous
process, the approach to service integration should be open-ended

(s

Customer 3CCess types

Customer terminals and digital PABX will evolve rapidly with techno=
logies like microprocessors, automstion in the office sector and the
definition of new services. An appropriate definition of the custamer
access to ISDN is therefore of ytmost importance. Whilst alming at &
flexible and openended approach to new services and customer terminals, =
a limited numbar of customer access types should be ttandardized. In _
a first phase of (CiTTstudies the following access types are proposed;
see 3lso Figure 1. =

N15
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This comprises :<

s 64 kbit/s digital path for :

(1) digital voics st &4 kbit/s |, or

(11) digita) data including Recormendatiop X.1 data user
classes with rate adaptation up to 6L kbit/s  or

(1i1) combined digital voice snd non-voice at 64 kbit/s (e.g.
56 kbit/s digital voice together with 8 kbit/s data)

Vhile some customers will require dedicated sccess to only one ]
of these service options, provision should be aade for alternative
operation on » call by call basis, and for changing during sn
sstablished call. Limitations to this lacter feature will be
encountered In mixed analogue/digital networks.

A separate digital path at a rate much lower than 6L kbit/s
for :

(i)  custamer/network signalling for services in (a); and

(ii) other services such as telemetry information (e.g. customer alarms); and
(iii) spare capacity for future requirements.

An example of the basic ISDN access type incorporating the features listed
above is given in Figure 2. It should be noted that some additional bits

have been provided for alignment purposes for use when the transmission

system does not provide alignment.

Access at rates lover than 6L kbit/s

Consideration should be given to the possibility of customer access at rates
lower than 64 kbit/s {e.g. 56, 4B and 32 kbit/s).

ISDN access type with additionsl channel option

In addition to the basic system capabilities indicated in N16, some consideration
should be given to the provision of other services simultanecusly with the
functions in a) and b) of K16.

Additional digital paths could be provided to give further services as the

cusT Hme . res them, The customer network signalling for these services
would be carried within channel b) (of nl6). The sccess structure should be
capable of providing a smooth growth of customer services from those indicated
in a) and b) (of N16) to multi channel services such as those required by,

for example, multi function terminals, multi-slot terminals and PABXs.

The additional digital paths may be admpted to 6L kbit/s vhere necessary
(e.g. for Recommendation X.1 services) at the exchange and switched through the
digital network,

An example in whick the additional access prevides a lov-rate data service
1s given in Figure 3 {szee alsc Ni&).

"
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K19 Trestrent of service

Twe approaches nave beern identified :

(1) services regquiring only & few (e.g. < 3) oL xbit/s digital paths might
= utilize parallel subscriber sccess at 64 kbit/s. Parther study is

= needed to determine the neiwork contrel signailing arrangements for
suck applications;

= (ii) as an alternative to (i) e small transmission multiplex of n x &b kbit/s
s could be used;

(iii} for services reguiring more {(e.g. > 5} 6L ktit/s digital paths, a
.
= multiplex based on the primary multipiex systems would appear t¢ be
3 more appropriate;

N2G Treatment of services requiring mmultiple digital paths {including PABXs)

The approaches identified in R18 aliso apply in this case.

K21 Trestment of services reguiring less than 6k kbit/s digital paths

i

For services such as low-rate data, the bit stream could be adapted and carried
- on a standard 6k kbit/s bearer toc the exchange, Altermatively a lov-rate access
comprising a bearer to suit the service with an out-siot channel for signsiling
etc. (see K16}, and with asdaptation to 64 kbit/s at the exchange {or
intermediate muldex) for switching through the digital network at 64 kbit/s
could be used. (Question 29/VII is relevant.}

Anocther alterzative is to interleave lov-rate data messages with signalling
messages on the out-slot channel of a multi-service access. (See 58). Yet
another possitility is to provide access to & packet switching facility and
route the low-bit rate dsta across the ISDN by the use of packets.

H22 Trestment of customers reguiring unidirecticnal transmission
14

Some provision may need to be made for such services but further study is
needed to establish reievant principles. (See paragraph 4 of the Report.)

e

H23 Functional network architecture

In order to deal with ISON in an orderly manner it shau'd b3 given 3
syitable functional structure. A first approach is to Jivide the
nstwork into two categories of functions: '’

IR L T T

- & category of basic functions relating to circult switched 8% kbit/s
digital connections which would be provided by all loca! exchangas;
this category provides telephony and poscibly circult switched data
sarvice

T

- & zategery of additional functions relating tc services which raquire
sdditioral zapabilities which nesd only be provides in special scyip-
mants lccates In particular network nodes. The digizal local networ:
would, 33 par: of the basic functions, providc access to thess special
equipments.
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ISDR petwork aspects

It is expected that the ISDR will use 6L kbit/s bearer digital paths. The bit
integrity of customer generated information should be preserved betveen customer
termizals., Voice frequency signals should be enccded according to
Recommendation G.T711.

Hetwork control signalling detween the custcmer terminal arnd his local exchange
for setting up 6L kbit/s connections should be carried outside the 6k xbit/s
channel. Note that this does not preclude the use of the 64 kbit/s for some

customer/network and customer/customer signalling after the initisl cut-channel
signalling procedure. {See N1é)

Suring the evolutionary stages where extensive intervorking occurs between

ths new digital equipment and existing switching equipment for telephony t)
traffic; the new network equipment should ensure that ISDN calls are routed
appropriately. Where rcuting over digital facilities only is reguired, adequate
identification and sigralling cspabilities should be provided in order to remove
any service restriction or s particular connecticn. Note that this reguirement
should include the identification of apparently digital circuits routed via
transmultiplexers or time assignment or cther digital processing eguipment
which restrict the bit sequence integrity of the transmission path.

The ISDR should include adequate provisicn for services vhick normally operate
at rates other than €4 kbit/s. These include :

- Low rate data;
- Low rate non-standsrd encoded voice;

— Higher rate services which may be routed through the network on n x &4 kbit/s
cennectionss

— Wideband ssrvices requiring tranamission paths such in excess
of 5k kbit/s (e.g. 2 Mbit/s or more} which, If connected over
2 network separate from the ISON, may use the ISON for associated
serring-up and communication purposes.

= Vary low rats telemstry over tha customers iocal iine a3 3 means
of conveying alarm and surveillance communication to a central
location such as the local exchange site.

in order to ensure adsquate parformance and flaxibility the 1SON
shall be comprised of SPC digital local and higher order exchanges,
interconnected by digital transmission and employing fast inter
processor common channel signalling between exchanges, carr
No.7. There will, however, be freedom to move functions batween
nodes in the ISDN hierarchies, and it is expected that some nodes
will be equipped with extra capabilities to satisfy the special
requirements of calls routed to such nodes. Quality of service
standards for ISON traffic sust be specified in terms of erroe
rates, response times, grades of servics stc, and tha need for
preferential or priority treatment of one service with relation
to another on & call by cal! basis should be chasidersd.

Ahob e T © 0
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are only applicable .for either o. telephony and data, The differences in the
ac?ua% OP employed and the call handling in the network, would, however, in
principle not be differences between telephony and data but differences between
?alls involving different sets of supplementary service/user facilities. That
18, the nature of differences between telephony and data would be no different
from the nature of the differences between calls within each service.

N30 It is recognized that the definition of a multi-purpose interface for
non-voice services has a bearing on the system concept for the general digital
subscriber line signalling interface., Such an interface should, when medium or
maximum integration is applied, be specified for both telephony and data applicstions.
In order to avoid proliferation of new customer interfaces, it is necessary to
harmonize the studies on a multi-purpose interface for non-voice services with those on
local IDNs. On the other hand it is outlined that data requirements should be defined
as early as possible in order to be properly taken into account when developing the
general digital subscriber line signalling interface.

N3 The definition of standards for customer access to different services

provided by ISDNs should be made in such a way as to allow various network architectures,
“aking into account the varying conditions in different countries, for example the
provision of some services through 1SDNs by means of interworking with specialized
netvorks. Such dedicated networks may co-exist with the developing ISDN at least

during & transition period.
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ASPECTS OF INTERFACES BETWEEN THE DIGITAL LOCAL EXCHANGE AND THE LOCAL
LINE OR REMOTE UNITS (D, E, F, G AND H IN FIGURE 1)

El Study Group XI is specifying the parameters and characteristics of 64 kbit/s

= - digital switches for telephony both at transit and local levels. In the first
= - place CCITT Recommendations for digital local exchanges shouid cover the

= connection of analogue subscriber lines and accept already established

= national standards for analogue subseriber lines. Interfaces with digital

= {telephone) PABX accepting nu:ional PABX signalling systems shall also be

= covered,

= E2 New Recommendations are required for the interfaces concerning digital
subscriber lines to include data, telephony, telemetry, etc., signalling and
alignment functions.

E3 Moreover it shall be studied what additions to the parameters and
characteristics for digital 64 kbit/s switches specified for telephony, if any,
are required for the use of these for data switching.

Eb New Recommendations are also required for exchange interfaces with digital
PABX, remote digital PABX, remote MULDEX and other multi-slot services. Note
that the subscriber line and multi=-slot transmission systems msy terminate on
a MULDEX or a concentrator remote from the serving centre, and common
interface standardc should apply as far as possible.

sl

E5 At the present time remote subscriber connecting units are considered to be
functionally part of the local exchange. The type and information content of
the signalling and/or control channel between the remote subscriber connections
unit and the exchange terminal is at present considered not to be a matter for
international recommendation. The reasons for this are the complexity of such
a recommendation with the variety of realizations presently under study.

= Most of the implementations considered at present are system-dependent, but &
desire has been expressed (in Study Group XI) by some delegates to define a
system-independent remotely located switching unit in the future. In this case,
= CCITT Signalling System Nr. 7 should form the basis for the signalling and control
= channels. The study of the system-independent remotely located switching unit

was considered to be additional to the study at present undertaken in

Study Group XI.

E6 The digital subscriber line interface should be considered from the functional
: : point of view. The functional deseription can apply with any technical solution
E - for the transmission format or structure on the line.

= ET7 The digital subscriber line interface might provide a common 64 kbit/s interface
: for the users information path for all services. It may, however, be more
economical to provide separate interfaces for some services, For n x 64 kbit/s
services, n x 64 kbit/s user parts might be applied.

E8 A functional interface for signalling, control and alignment purposes should be
defined.
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= E9 The interfaces for digital PABXs are of great importance. It was considered

4 likely that two different interfaces could be provided, one identical or
= : similar to the digital subscriber line interface for sualler PABEXs and another
more complex one for the larger PABXs. The sigralling systems used in the two
cases may differ.

E10 Problems arising from the BORSHT

Functions (B = battery; O = over-voltage protection; R = ringing;
= S = supervisory; H = hybrid; T = test function) are to be studied.

SIGNALLING ASPECTS

Note : Where possible these points have been extracted from available text, with

g modifications to take account of subsequent discussions. Some new text has been

: derived from the Questionnaire associated with COM XVIII-No. 131 and from subsequent
replies with the issue of this Annex. The Questionnaire is considered to be out of
date and will not be studied further in its present form. Some of the points below
may be more appropriate under the heading of Network Aspects in later issues.

Customer/network signalling

sl Classification of access protocols

Access protocols are proposed to be classified in two types, namely :

- an Out-slot Protocol (OP) for out-slot signalling, and

~ In-slot Protocols (IP) for in-slot signalling

= In addition to these access protocols, user-to-user protocols snd user-to-nevwork
= resources protocols need to be considered, Some of the user-user protocols may
standardized consistent with other access protocols.

52 Out-slot Protocol (OP)

An out-slot signalling protocol for access to network elements controlling
= set-up and release of all digital 64 kbit/s circuit switched comnections.
=3 OP would cover signalling for simple calls and further signrlling necessary
= for control of such supplementary services/user facilitiss, depending upon
= the degree of integration. See N20, The OP access link (i.e. the out-slot -
E channel with its level 2 technique) would typically terminate at the first

subscriber line concentration stage and the OP signalling would, as applicable,
= be further conveyed in the netvork over, for example, commen channel signalling
= links.,

;;; S3 In-slot Protocols (IP)

e - A number of service dependent in-slot signalling protocols for access to
— additional network functions. In some cases IP would correspona to & second
: call set-up phase (e.g. in some interworking situatioms).




i

=

IP would also cover cases of communication between the user and a central
network func:icn, e.g. for facility registraticn and cancellation a2t a

special servize centre. A simple case of an IP would be transmission of digital
tones over the T4 xbit/s channel to a calling telephone subscriber. Arother
case of an IP would be the application of leveis 2 and 3 of Recommendation X.25

to access packet-switching facilities,

Ly ot

PABX/netvork signalling

sk Where digital and possibly service-integrated PABX are connected to an
integrated services digital network the signalling for individual customers
access could pe used for smaller PABX whilst common channel signalling seems
arpropriaste for larger PABXs. This means that any study of new signalling
arrangements for digital PABX should be performed in conjunction with the studies
of signalling on digital subscriber lines and the further studies of common
chanrel signailing,

35 Studies of a signalling system for customer access to the ISDN should be based
on the assumption that digital transmission techniques will be extended into the
local network down to the customers terminal, and, where appropriate, the
characteristics of the access will be the subject of CCITT recommendations.

56 Studies of the customer/network signalling system protocols should anticipate
the requirements of all services likely to be carried by the ISDN. Due
attention should be paid to signalling for a basic digital telephone service
while preserving maximum potential for more complex signalling for multi-service
and multi-chaunel terminals. If and where appropriate some sllowance should be
made for the possibility that the new digital-access signalling system might be
adapted to be uced also to enhence the services provided by conventional analogue
access.

sT The new customer/network signalling system should include the capability of
carrying signals, in either direction, between the customer and the local
exchange without interruption of the channel to which the signals refer. This
capability will permit 'silent' signalling for telephony customers (e.g. private
meters).

58 When considering customers connected to the ISDN it must be recognized that
some will require only dedicated access to a particular service, some will
require alternative access - possibly on & call by call basis — to two or more
services, while others may require access to several independent services au
the same time. These options should be taken into account when defining the
new customer/network signalling system and it has been suggested that an
out-slot signalling link should be provided for each of the channels used for
services., However it is accepted that such signelling links may not exist
in 'real' channel terms because they are provided as 'virtual' channels using
interleaved messages on a common out-slot transmission channel between the
customer and the local exchange. Where the 'virtual' channel method is used,
ti:2 signalling system must contrain suffient addressing etc. to identify the

diflerent channels used for services. In addition, where channels are used

alternatively for different services, the signalling system must incorporate

a means of identifying the service reguired.

[

i,
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The digital access to ISDN is expected to include provision for very low-rate

= data and telemetry services, some of Which may be switched through the network.

4 The customer/network signalling system could permit such services to be carried
over the out-slot transmissicn path using either a cyclic multiplex or

= interleaved messages.

S10 The signalling system should be suitable for use in local networks in which
customer accesses are connected to an intermeiiate digital multiplex to
provide transmission to the exchange over standard primary locel digital line
systems. In these circumstances it has been suggested that the customer/network
signalling links, in ‘real' or ‘virtual' channels will be interleaved onto a
coomon bearer such as T/S1€ of the Z0L8 kbit/s line systems.

= S11 The signalling system should be suitable for use with simple terminals involving
human operators such as for the telephone service, as well as complex terminals
having machine generation and detection of in-slot and out-slot signals.

512 Consideration should be given to the possibility that the ISDN may be used for
services which require unidirectional transmission, such as broadcast, end the

effect such services might have on the signalling system and protocols
= operational checks,

I

S$13- Since it is envisaged that ISDN might carry wider-band services using the
multi-slot connection techniques, consideration should be given to the
signelling protocols appropriate to such connections.

i

S1k  During the definition of a signalling system to satisfy the requirements for
ISDN access, some consideration should be given to the line-feed and other
BORSHT functions to establish the extent to which the signalling system may be
affected by different implementations of these functions.

L

L
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TRANSMISSION ASPECTS

pal Preparsticn of guidelines on transmission r
in relation to a range of customer access ©

-

eouirsgents for cusicmer access
ypes

- Three different possibilities could be identified :

a. A "single subseriber, single timeslot" requirement of (64 + A} kbit/s
in each transmission direction. (Examples can be found in Documents Nos.
COM XVIII-No., 310, Section 1.3.1; COM XVIII-No. 265);

b. A "single subscriber, multi-timeslot" requirement of n x 6b xbit/s + Al
kbit/s in each transmission direction. (An example car be found in
Document No. COM XVIII-Ko. 266.)

¢. A PABX connection, requiring m x 64 kbit/s + A" kbit/s in each <ranszission
direction (COM XVIII-No. 243).

23 T2 Study of bit stream structures to allocate transmission capacity and
] provide appropriate alignment

] -~ Different structures will be required for the classes under Sections 3.a and
= 3.c, while the class mentioned under Section 3.b can use either a parallel
combination of "3.a-systems"” or a "3.c-system".

RO

= - Delsyed Contribution BT indicates some general outlines for possible structures
= £ for class 3.a.

- The subscribers loop transmission system has tc provide for the transmission
of sufficient information between the exchange and the subseribers terminal
in order to meke demultiplexing of the various channels possible. (An example
has been indicated in Section 13 of COM XVIII-No. 310.)

T3 Transmission systems for access tyres identified feor initisl study

=~ Delayed Contribution BT (Section 2) indicates that the required functions
can be provided with either 2-wire or l-wire transmission systems.

-~ The Report of Working Party XVIII/: (Contribution CO¥ XVIII-No. 312) indicates
the power feeding of the subscribers termingl as an important study point.

T Transmission system for connecting PABXs

- The reguired transmissicn systems probably are almost identical to the
already specified 15kl kbit/s /20LB Kbit/s systems or small capacity digital
transmission systems, e.g. 11 x 6L kbit/s (70k kbit/s).

Ho information, however, on this subject could be identified in the available
documents. The need for furiker study has been indicated in the report of
Working Party ZVIII/L (Contribution COM XVIII-Ho. 312).

|
i

Transmissicn standards arplicatble to remote sccess to the ISDH
S _Sapd

ol

- Ho relevant information csuld be found in the available documents.
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During discussions in Working Party XVIII/1 it became clear that ro
Administration yet wished to specify the subscriber line transmission
system itself.

CUSTOMER INTERFACE ASPEZCIS

Working Party XVIII/1 has so far identified interface types as shown in
Figure 1. Not all of these interfaces will necessarily be the subject of

: CCITT Recommendetions. Some are already specified in CCITT Recommendaticns
and these should be taken intc account. The aim should be to defire a very
- small number of these interface types, which mey not necessarily appear as
physical interfaces.

X}

It is desirable to define as small a number cf
C as possible, while allowing for all types of
reqguirements.

c3 The digital local network mey, seen from the customer as part of his information
= - system, carry the following information transections and provide the following
— services :

- - spoach connactions
: * supplementary telepnone services

E - = data connections to subscribers in separate data networks or dacta

) oquipment in the digital network; for connections to separate data
networks the connection must be compatible with existing standards
for clrcuit - or packed-switched services and existing user classes

= & text and control connection to local or remote Informstion daza-

bases, taletax, videotext system etc (possibly in parallal to the
tpeach connection)

- end-to-end signaliing and contrcl ccornection with t
sess®~w ceontrol (terzinal configuraticn coatrol,
input/cut selection)

- receiving/sending of text and cther non-vcice zes

inciuding the case of calls arriving at a terminal wi
engaged on another call

.
ter
4 pes e Ax

s unatiended or

- elarm service capebtle ¢f carrying alarms from sensors etc. indepeadent of
communication on the subscriber line

- ——_aly

— advanced cherging infirmation capastility.durs

— ch It is expected that the data reguirerents wil
interface and work cn the standards shculd t
for circuit and paciet switched data trans=i
The interface specification should %
ifZentified for data. For exasmple,
could be orgapized with the follow

Ltevel | « Physical link provision defining the functions relating to
the physical, electrical, logical and line transmission )
technique related parameters of the interface {as applicable},

i}
iy,
[
[LV]
"




g

Level 2 - Link access protocols defining the functions relating to,
" for each cormunication channel provided by level 1, the
technique by which higher level information is transferred

ovar the channel,

Level 3 - Call control procedure defining the functions relating
to control of call sst-up and release for switched
services.

Level & ~ End-to-end protocol defining the functions relating to
end-to-snd communication betweesn subscriber terminals
or betwessn subscriber terminals and network resources.
Depending on tha type of service and how it [s accassed the level
2, 3 and 4 slements may have to bs defined separstely for different
phases of s call.

In considering interface A at the subscribers premises to be the user's access
point to the ISDR, it is recognized that the link to the exchange msy be shared
for several services. There are many network structures possible to proyide
mitiservice compstsbility. Figures L and 5 show various exanples,

a) The telephone network and the dedicated networks are separsied at the
distributing frame.

Each service having its own signalling cystem.
b) The telephony network and the dedicated networks are separated at the locel
switching exchange., The multiservice signalling system is used.
~ For the telephone signals
- For the seizing signal, the clearing sigmal and some test signals for

the other services.

¢) The multiservice Yetwork is completely integrated but this does not exclude
some dedicated service KNodes {pv‘a::ﬁss;zzs of Data Transmissicn). A single
miltiservice signalling system iz u for all services.

The configuration described asbove may follow each other in & transition
period.

While the mfer"arf‘sg of the ISD >iving from the telephone retwork with
co-existing dedicated networks will ieas %o the offering of the wide range of
existing services {e.g. telephony, X.1 and X.2 data services, packet switching)
on the new link from the su!:scr;:er to me exchenge, &£l50 nev Se&rvices gy

emerge as new features of the hosogencus digital network.

Higher rate a“a:::l ty Say be made availsble by using n x 6k kbit/s conmections

& & Nrg Frms = T - Eat i sacraTR s bt} 3
through the network. Conferencs calls connecting several subscribers may be

ﬁﬁg AtTwisiar
on ons

technslic

Im 7%
nd ‘?. wne

T ETAE
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Analogue line Serving
Types of Customer transmission local -
services and premises’ centre
facilities -

- -

EI\-—-

- Telephony
{fnalogue)

= Telephony
(Digital)

Data, Telex
Telegraphy

Digital
Line Transmission

- - - w—

N

-~ Signalling
Telemetry
~ Low speed data

Small FABX
Broad Band
= | Services

- e.g. Music

1 - Low speed data
- {?—j - i —j

LTE LTE

T

[ ]
sl
Q
S, A
3]
S ..o...

P = e e e

- - -
-

Remote
Concentrator

¥
] ]
| ! )
¥

LEGEND :

Remote Dig.
Exchange Terminal Muldex
Circuit Terminating Equipment i
Subscriber Terminal Equipment. o
Function : Conversion, e.g. A/D H,D LIE L8
for telephony

I
t
7]

£

= SLIC = Subscriber's Line Interface Circuit. .
- ) Function : Signal arrangement for Line Transnmission
= LTE = Line Terminal Equipment. Function : Conversion to Line-code end Line-feeding
{ . = External or Internal Interface i
3 (1) = SLIC and LTE functicns may be combined in a CTE
4 {2) = Opticnal data access
{3) = The value of n =ay be greater than 5 to permit PASY options not necessarily

= svailable on Al ¢ AS
4,38,C,0D,E, F, G, H= Interfaces, scze of which may need to be the subject of
CCITT Recommendations

== Y

— Figure 1 - Proposed interfaces in iccal netwerks for ISDN -

il




1.
i—e

He.

COM XVIII-

T

adL3 s#a009 jasT o1ewq ¥ Jo STdmexg - 2 aamiry

LAILLN TR 2

(AILLRTE -

$1N3WIYinbIN
HOISSINSNWIEL 3ALLYLIONND

@)

UOJINUJWIST $83)AIS JByIing

uojIRujIB) AJIPwe|ey

uojIsujmses Bujgieudys

/3194 49 ¢ Bujyayymg

LIZILLE K )

$/319% §€) A3)onded sandg
v

(373190 ¢ B ) Aszewosy |
ﬂ..ﬂ-.

(s/7219% 2) Buppiwulys
HAOMIOU S IDMOINY

819 9%

/e Yy

{87357% ge9s 1»
‘B*s) wanp/edjon Fauyquo)

40
$/319% 49 B 1@ vieg
| 30

/3194 49 39 #3)0p

(0

SHOVLINNS TYNIHUIL IDNVHINI

ANINNDI Y

ve e

FINNVID

SNOYLINNG S52IW wamoLsn)

H bt R o

Wbl &

wa

ol 1w 6

+ .

[y ¢ i o o

oo i

il



g »

TPUUBYD IDTALSE BIWP TWUOTLITPPY UP UIIM BBROOW NOSI Jo oTduexa uy - £ aanitg

8/319% 0B

$/3)9% pi

573490 yi

SININININDIY
NOISSINSNVIL JALIVLIDNN)

Xapinis (20§ U0 S{IuULYd AJIow
3D JOYIO YI M UO)INV|WIS]

uo|teuquiaz Ouyoubys

™
1Y

-\..S.. #9 3w Bujyssjms

- AQ pamoy D) wo)Inidepy
1 r,w.
o uojyeujuiny Guyppypenbys
Y

-l
[ )

v

et

=

L)

$7319% §9 e Bujydymg

LZAILLIR

\JATLL I 4

Adyswoiog

$/310% ¢

$/3(9%

$/34q% g i #Im0

LTI L I

$/3 9% 09

(s/3)ay geos @
'0*8) RARP/B3)OA pau|quo)

I
S/t 4B Ie Iy
I

S$7310% 49 3w #DjOA

SHOLLINNG IVIIMEIL JONVHIXI

{oauinday
31) 1IN0V

DN1TTIVHDIS
HNONLIN-NIWOLSND

-1

STINNVIED

SNOLLINRZ $53DIV N3IHOLSND




_3:_

= COM XVIII-No. 1-E

Telephone
Exchange

v
A BL_, Dedicated

Hetworks

Digital local
Exchange

1 It

Network

LTE LTE

Dedicated

sigure & — Exa=ples of multiservices network structure
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Outslot subscriber Common channel Particular
line signalling signalling netvcrk ncde
Transit
= Customer Hemote Serving Exchange
terminal Swvitching Local
equipment unit Centre iﬁ
oad
* : 1] LI !
Signalling for categury II Equipmsent for ' i
B functions within the specisl service . o] In
circuit svitched 6k kbit/s facilities '
connection .
— o |{EH--
e
E.g. to dedicated
data petvork
= oY - 30

Category E : Basic functions for circuit Switched 64 kbit/s digital connections,
typically for telsphony and possibiy for circuit siviched datas.
= These control and signalling functicss are provided iz alil tersinals
3 and exchanges.

£ Categery @:ﬁﬁ@i@&miﬂsmicecm:s&si@mingrmcﬁ@sm

provided in specisl terminals and sguipeents.

Figure 5 - Concept of two categories cf netwerk functions
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{to Question 1/XVIII}

Digital subscriber line signslling
{Contribution from American Teélephonc and Telegraph Compary)

= A
1. Scope of the Contribution

An overview of possible information and signalling structures for a Digital
Subscriber Line 1is prasented leading to a channsl-level characterizaticn of
& generalized Digital Subscriber Line. This specific Digit:) Subscriber
Line structure is not proposed, but should be an eslement of the sst
described by the charactsrization. The requirements vpon & signalling means
to sSupport the generalized Diqgital Subscriber Line are summarized and
several specific proposals for Digital Subscriber Line signal?’ing are
pressntel, Trese include the signalling chanrnel bdit rats, the use of a bit
oriented protocol at the 1link level, and the use of message oriented
signalling. A framework for a layered protocol for Digitsl Subscriber Line
signalling is proposed, with recommendations for further study and
contribution.

2. Introduction

An evolutiocnary process is underway towsrd an all-digitsl telephones netvork,
inciuding digital connectivity into the subscriber’s premises. This process
began with the introduction of digital inter-exchange transmission and (s
now being extended into both the transit and local sxchanges. With the
addition of digital subscriber lines this all digital network can become the
vehicle for wmany new customer services based upon & direct digital sccess
capability. This ultimaste all digital environment will become the
Integrated Services Digital metworx (ISDNM]}.

The general attributes of the network will be

1. A functional channel structure whereby identifiable channels can be
realized within & unifors digictsl format.

2. The availability of 64 kdDit/s channels between the subscriber and the

network which smay carry Dboth digitized volce and nonvoice
communication.

3. Comaon channel sigaslling tc implement all inter-exchange signalling .
separate from the channels availsble for intersubscriber
comaunication.

4. The integration of non-voice transmission capsbllities and services
GSerived therein with facllities used for voice communicstion.

K Digital Subscriber Line connecting the subscriber digital station
equipsent with the netwsrk must provide & flexible and robust sccess to the
network. This will be realized through the extension of the &4 kbit/s
channel connectivity 15 the subscriber, as well as the definition of a new
signaliing interface. This contribution will describe In general terms a
Digital Scbscriber Line undar study by ATET and will focus specifically on
the sigaalling portion of the Diglts! Subsériber Lins.

3.

T mEmEsee= Fx 2% * =t T i3
vl far = subsoriter §§g§%§_ i

TR TERRIFrEESELE IET

Because the opportunities sfforded by, the digital connectivity include wmany
fastcres that are new to telephony it s best to state the oversll
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functional needs to be met by the Digital Subscriber Line before proceeding
to details of an implementation. Therefore, the Digital Subscriber Line
must provide:

1. Basic volce-band telephone capabilities. The familisr call set-
up/disconnect signalling functions must be provided with a
subscriber-to-subscriber voice path being established. The volice
path shall be 64 kbit/s compatible with Recommendation G.711. The
Digital Subscriber Line {tself shall provide a 64 kbit/s volce
channel between the subscriber station equipments and the digital
local exchange for this purpose.

2. Clrcuit-switched A4 kbit/s digital connectivity for non-voice
communication. This can be provided via the same Digital Subscriber
Line channel used for voice communication on an alternate use basis
or through additional 64 kbit/s channel(s).

3. Signalling means to establish either veice or non-voice calls on the
64 kbit/s =zhannel(s). The signalling function proposed herein {s
implenented via a channel separate from those previcusly defined.
The use of a separate channel enables the definition of new services
to the subscriber which require signalling simultaneocusly with voice
or non-voice communication as required to implement multiple channel
call set-up, or polling based features such as security services,
etc. Only one signalliing channel will be specified per Digital

Subscriber Line regardless of the number of additional volce or non-
voice channels.

2 4. Provision for low traffic density , long holding time, communication
associated with new non-voice services, Many new service

= capabilities, such as electronic security, slectronic funds
= transactions, enhanced directory services, and limited data base
= access have the characteristic of interaction betwsen the subacriber
at his terminal equipment and a network (or non-network) resource.

= These Interactions may be most efficiently provided by che network

through a message switching capability rather than through a circuit
switched path.

A
w
.

For a Digital Subscriber Line implemented using very wide bandwidth
transmission media (such as fiber optic links) the possibility of the
inclusion of video bandwidth channel(s) should be accommodatad, in

particular, the signalling plan should be extensible to control such
channels.

A general definition which might cover the specific realization of a Digital
= Subscriber Line which meets these requirements {s characterized by

Digital Subscriber Line = nV + mD + pw + S8 + F,

= where V represents 64 kbit/s voice or non-volice channels. The
E specific Digital Subscriber Line will {nclude n such
e chann2ls where n > 1.

= D represents < 64 kbit/s channels to be used sxclusively for
; non-voice communication. The Digitezl Subscriber Line may
contain m such channels where m > 0.

W represents high-rate channels, A fiber optic Digital

Subscriber Line might contain p such channels where p > 0.
. The speciflc transmission mechanism associated with hTgh-
4 tate or video channels, whether analcgue or digital, cannot
- be established at this time,




S represents a message oriented (as distinguished from
clrcuit switched) channel upon which all signalling to and
from the subscriber's premises takes place,

and

=3 f F represents framing, synchronization and other line control
= bits. These signals are not available to elither the
= - subscriver or exchange for Information transfer.

TR

A functional diagram of the Digital Subscriber Line, the Digital Local
- Exchange and the subscriber premise equipment is as depicted in Figure 1,

The Signalling Channel provides for the coordination and control between the
exchange and the subscriber., In general, the subscriber equipment might
consist of a centralized subscriber control equipment and a multiplicity of
connecting subscriber terminal equipments. In order to facilitate this
= control function, the signalling channel must have the capability to
- identify call activity on the remaining Digital Subscriber Line channels,
: and to identify the specific subscriber terminal equipments involved in such
= - activity. As such, the functional needs for signalling are very similar to
3 those well known for communication between a pair of local exchanges, A
channel numbering plan and a terminal numbering plan must be included.

4. Aspects of a digital subscriber line subject to Recommendation

1t should be the objective of Retommendation to encourage flexibility where
growtu and change is desirable, and to fix certain parameters where growth
or «r*ange would render major portions of a digital network obsolete. The
possibility of & family of specific Digital Subscriber Lines with various
number of VvV, D, and W channels should be kept open because future service
opportunities may require additional bandwidth. Future technology,
especially fiber optics, may provide the high bandwidth Digital Subscriber
Line connectivity {in a cost effective manner. However, the specific
communication protocols associated :th Digital Subscriber Line signalling
should be established and held reasonably constant in'order to minimize the
impact of evolutionary change upon the network signalling facility. It s
therafore desirable to establish a highly flexible Digital Subscriber Lline
signailing plan which is both general and extensible and independent ¢f the
transmission method and medium to provide a built-in mechanism for growth
and changa, Such a goal may be realized through the use of a message
oriented signalling protocol following generally in methos’ and philosophy
from that established for inter-exchange common channel sign..ling.

A g B e ong i,

The Digital Subscriber Line, therefore, should be defined given a minimum
configuration with opportunities for further extension in the areas ¢¥ volce
and/or non-voice channels. The minimum Digital Subscriber Line c. .lsts,
therefore, of a signalling channel and a single voice channel. Obvious
extensions include tdditional 64 kbit/s voice/non-voice channels, additional
n:n-voice channels of (for the present) unspecified bit rates, or video rate
channels,

With reference to Figure 1, the channels previously described should be
defined specifically at Interfaces B and £ only. This will allow for
evolutionary {mprovements of the transmission and system technologles
related to interfaces C and D. Interface A should alsoc become subject to
standardization but refers to the {ntrapremises link between a subscriber
terminal and the centralized communications equipment. As such, it {8 not a
component of the Digital Subscriber Line; 1{.,e., it does not interface
directly to the network and should be considered separately.

wWith these considerations in mind, the remainder of this contribution will
be addressed to the {nformation structure of the Digital Subscriber Line as
specified at {nterface E. Specific bit rates will refer to the information
bit rate of that interfsce and not to the transmission rate as specified at
interfaces C or D.

{22)
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5. Bit rates associated with the digital subscriber lire

The Digital Subscriber Line shall carry signalling, voice, and non-voice
information organized into channels and conforming to the expression

Digital Subscriber Line = nV + mD + S.

A bit rate associated with video transmission (W) cannot be established at
this time, and will be omitr-3 from further discussion. Also, the specific
bit rate assocliated with ¢ . kbit/s non-voice channels (D) cannot be
identiffed at this time, at Iinterface E (Flgure )) volce ot non-voice
channels (V) shall be realized at 64 kbit/s, The signalling channel shall
be realized at > 8 kbit/s.

The particular electrical format defined at {interface E i3 not proposed
herein., Only the {nformation to be provided at interface E {s specified.

in addition to the above channels, non-information bits will be provided for
synchronization and alignment., All such bits used for line synchronization,
framing and line integrity appearing at interfaces C and D shall be utilized
by the Line Terminating Equipment (LTE) and not reported to interface B.

The selection of a bit rate for the signalling channel must take into
account both the average message {nformation bit rate to meet the needs of
telephony and new services, and minimum delay requirements with respect to
system responsiveness to subscriber input stimuli{. Studies have shown that
the average information rate (channel occupancy) on the signalling channel
will be very low . However, the delays associated with a message oriented
signalling protocol would be excessive at low signalling channel bit rates.
Therefore, in order to minimize signalling delays in order to mest
anticipated STE/ET delay requirements a signalling channel bit rate of at
least 8 kbit/s is proposed.

6. Communication protocol associated with digital subscriber line
Signalling

In order to maximize the flexibility and extensibility of Digital Subscriber
Line signalling, the choice of a hierarchical (or layered) signalling
protocol is recommended. Schemes similar to Signalling System No. 7 have
been considered as models for such a protocol., Because the Diglitel
Subscriber Line {interfaces with the customer's premises, the cecst of
signalling implementation must be kept as low as possible. PFor this reason,
the direct utilization of Signalling System No. 7 for Digital Subscriber
Lines does not seem reasonable, However, & new hierarchical protocol tuned
to the needs of Digital Subscriber Line signalling is generally described as
follows:

Level 1 - Physical LI .: A full duplex 1link of at least 8 kbit/s Iis
specifically rroposed.

Level 2 - Link Level Control: Link control procedures using a bit oriented
protocol with a frame level structure comprising frame delimiters
{£lage;, zero inssrtion/deletion, and cyclic redundancy check.
This will provide secure message alignment protected from
informa.ion pattern simulation, complete transparency, and
effective detection of transmission errors. Specific error
recovery procsdures should be tailored to Digital Subscriber Line
signalling characteristics,

Level 3 - Routing: Message level control will be required to manags end-
to-end message communication,

P
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Level 4 - End-to-End-Message Transfer: Messages will be passsed from the
subscriber control equipment to the digital 1local exchange
requiring 1little message-transfer control. However, those
messages destined for other entities {in (or external to) the
telephone network will require message transfer control. Purther
contributions are required in this area.

Level 5 - Application: The end applications consist of the software
processes located in the subscriber control equipment and
signaliing destination which actively initiate and/or receive
signalling messages.

Formal specification of layering beyond level 5 is not proposed {in this
contribution and may not be necessary because the softwars in the Subscriber
Control Equipment will not be excessively complex. This does not preclude
further layering of the application layer st the discretion of the user.

Specific definition of Llevels 1, 2, and 3 should be the subject for
Recommendations, while the full definition of Levels 4 and 5 should be left
to the particular Administration. A basic message set should be defined at
levels 4 and 5 to accommodate basic telephony services., However, the full
message set will reflect the particular set of services and features to be

offered by the individual Administrations and may vary from Administration
to Administration.

Message types to be included in Level 5 include signal and maintenance
information., Messages should be addressable from the subscriber control
squipment to the Local Exchange for normal signalling, for end-to-end
terminal control and for special call features.

7., Conclusion

A signalling plan for Digital Subscriber Lines must not be 1limited by
present technological resalizations. Future capabilities will surely add
continual growth to the reguirements of Diui¢al Subscriber Line signalling.
An overview of a flexible and extensihlo sign3lling protocol unde: study by
ATeT has been described herein £3. considoration is this srea. A major
pProbles area still to be addressed is the incerwosking of Digital Subscriber
Lines with analogue subscviber 1lines via eithe: digital or analogue
interexchange circults for the end-to-=nd tranmeissfon of push-button
teleaphone generated information.
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: Figure 1 Functional interfaces for Digital Subscriber Line

Annex b
(to Question i/XVIII)

gl

Studies of digital local networks
{Contribution from Swedish Administration)

Introduction

In contribution COM Xi - No.277/CON XVIll - No.310 the Swedish Administration

presented the results of discussions among some European countries on a

possible basis for international studies of digital local networks. The same

contribution was available as delayed document D.14 at the April 1979 meering -
of Study Group VII. Extracts of the document are included as the Annex to

draft Question 1F/Vil (see COM.VII - No.369, p.240).

These discussions have continued and resulted in an updated version of the -
report already submitted. Especially, sections 1.3 and 1.4 of the first report

have been replaced by new sections 1.3, 1.4 and 1.5. For updating of the in-

formation submitted in the first report these new sections 1.3, 1.4 and 1.5

are reproduced in this contribution. The report is a result of an expert group

in which the following Administrations participated:

Belgium, Denmark, France, Finland, Germany (Federal Republic), ltaly,
Netherlands, Norway, Spain, Sweden, Switzerland.

L
%]

3
7

-,



O O

-39 -

FEM YUTTT ta 1o
CoM XVIII-Hs., 1-Z2

1.3 Functional -netuork architecture

1.3.1 Concepnt of two categorices of network functions

A first approach is to identify two categories of network functions:

- a category of basic functicns relating to circuit switched 64 kbit/s
digital connsctions which would be provided by all local exchanges;
this category provides telephony and possibly circuit switched data

service

- a category of additional functions relating to services which require
additional capabilities which need only be provided in special egquip~
ments located in particular network nodes or provided by specialized
sub-networks. The digital local network would, as part of the basic
functions, provide access to these spacial equipment or sub-networks.
Such access would be on demand and on a call-by-.all basis following
class of service or selection information or on a hot-line basis
for every call from a particular customer. Signalling between the cus-
tomer términal and the special equipments would be inslot and in-
dependent of the basic functions.

Figure 2 illustrates this concept of two categories of netwsrk func-
tions. Further activities are required to achieve a more precise
and detziled illustration of different asp=cts of the (functional)
network architecture. Also, a suitable terminology for describing
different phases in network evolution needs to bc established. 1t

Is for example desireable that the CCITT definition of ISON is modi-
fled to take evolutionary aspects into account.

1.3.2 Iinterfaces, levels

With regard to the different interfaces of the digital local network
(see Figure 1) it will be required to define for each interface a
number of Interface elemsnts relating to the technique adopted and
the customer access protocols for different services. These interface
elements should be organised In functional levels corresponding to
for examplec the open systems architecture b=ing developed by CCITT
and 150. For example, the interfaces of the digital subscriber line
could be organized with the following functional levels:

Level 1 - Physical tink provision defining the functions relating to
the physical, electrical, logical and line transmission
technique related parameters of the interface (as applicable)

Level 2 - Link access protocsl defining the functicns relating to,
for each comnunication channel provided by level I, the
technique by which higher level information is transferred
over the channel.

Level 3 - Call control procedure defining the functions relating
to control of call set-up and relcase for switched
services.,

Level & - End-to-end protocol defining the functions relating to
end-to-end communications between subscriber terminais
or between subscriber terminals and nethvork resourcss.

i




- kO -
COM XVIiI-Ho. 1~E

Depending on the type of service and how it is accessed the level
2. 3 and 4 elements may have to be defined separately for different
phases of a call.

1.4 Customer access types

Custonmer terminals and digital PABX will evolve rapidly with techno-
logies like microprocessors, automation in the office sector and the
definition of new services. An appropriate definition of the customer
= access is therefore of utmost importance. ¥hilst aiming at a flexible
= and openended approach to new services and customer terminals, a limi-
ted nurber of customer access types should be standerdised.

1.54.1 fundamental assumptions

The customer access types defined in this and subsequent paragraphs
relate to the functional elements of th= local retvork as showun in
Figure-1. A number of basic information_types generated and received
by ISDH customers have bzen identified. These types, which are charac~
= terised taking type of service, information rate and handling in the
natwork into account, comprise:

Type a2 - Signals corresponding to a convantional {enalogue} telephons
subscriber station. i.e. including decadic pulsing or multi
frequancy signalling (MFPB)

flote Mo furthzr consideration is given to this type of
information in the context of azcess definition.

Typs b - Digital information at 64 kbit/s representing, for example:

{i) digital voice at 64 kbit/s

{ii gigital signals at 6k kbit/s (e.g. Rec. X.1 data
user classes with rate adaptation at the Circuit
Terminating Equipemat (CTE) up to 64 kbit/s)

-
—e
-~
-
Y

Combined digital signal at an overall bit rate of
6k kbit/s (e.g. digital voice together with data).

While some customers will require dedicated access to only

one of these service options, provision should be made fcr
alternat.ve operation on a call by call basis, and for changing
during a1 established call. Limitations to this latter fea-
ture will be encountered in mixed analogue/digital netvorks
(see para 2.1.c).

Type bb - Digital information at n x 64 kbit/s rcpresenting, for example,
(i) digitally cncoded broad-band audio signals

(ii) high speed non-voice services {e.g. fast facsimile
or still picture transmission).

{(iii) combinations of (i) and {ii).
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- Telemetry informations at very low rate conveying for example:

Type t

“{i) customsr alarms

{ii) signals for remote control of equipement on custo-
mer's premises

{i1i) remote meter reading.

Type d - Digita! information representing low speed services (e.q. accor-
ding to Rer. X.1 at 2 maximum user rate of either 4.8 or

5.6 kbit/s; see also 1.4.2). This information may be trans-
ferved simultaneosly with the information of type b, e.g.

- for access to a data base
~ for transmission of a facsimile picture.

Furtharrore, d might represent a spare cagacity for uses
yet to be defined.

Type s - Basic subscriber-network sigra!ling information channsl
alloving for the control and monitoring of netuork resources

by th: customer (in a broad s2nse, e.g. including call pro-
gress signals, charging indication, =aintenance information,

etc.).

!t is understood that a single, unificd sigralling systea should
be defined having th2 capability to conirol the access of one
b-type information and also of one enscmble like b + d and also
of multiple b-type information azcresses.

1.4.2 Basic access

The basic digital customer access to the ISDH is defined in relation
to Interface B of Fig. 1. lt provides for the transfer of information

on 3 channel with the following composite structure.

b+ A

Tne following aggregate bit rates are foreseen:

- channel b; 64 kbit/s
= channel ); 16 kbit/s and & kbit/s.

Note - The choicc between 16 Wbit/s and B Lbit/s shuuld bs further
assescd taking into account furthor conciderations un the in-
formation type; namzly the desirability of providing fur such
information and the limitation of the rate for such inforsation
to 1.8 or 9.6 kbit/s.

{narnct b refers 16 3 chanzel vith charactericrics defined in 1.4.1

while for channe! A, two alternatives are sct for further study;

{a) represents 3 comon poo! dynamically shared, as applicable,
by different information types s, t and d.

=

o

=
=
%
5
=
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{8} is divided in a3 fixed way, by appropriate tioe division multi-
plexing techniques, into two su&channe!sﬂ’ and D,

A 1 is dynemically shared by information tvpes s and t
Az is allocated to information tuvpe d.

1t is understood that the tuo alternatives {A) and (B} represent
in fact two olasses of possible solutions. It is urgently re-
quired to evaeluote the elements of both classes in ordzr to be able
to quickly decide on only one {class of) solution{s).

Note 1 - The requirenents for an additionzl communication channel such
3s for the d type of informacion, {A) and (B) slternazives, may also
b~ covered by a second b chanrel.

flute 2 - With the exception of one adainistration, th: viar was gen=-
raily expressed that inforeation on :ﬁe[‘.z channel uill bz padded to
64 kbit/s prior to switching in the exchange.

The agreed coson features of the A channel in version (R) and ths
3 channel in version (B) are:

- Signalling in the! form of nessages of variadle length
~ Esch messags will be framed

- Frames will be delinmited by appropriate flags

- Signalling protocols should be bit rate independent

- Signalling protocols should be structursd into a nuaber of functional
levels or layers {ses 1.1.2).

in alternative (A) where d type of information when used for some packe:
switched data service, will be message interleaved with signalling in-
formation, the intention is to specify a comparatively simple link
access protocei {level 2) primarily designed for signailing requirements;
thus the full capabilities (an3d complexitics)of forexomple,the X.25 inter-
face, level 2, will not be provided in the signalling access protocol.

in the Following the term “out-slot channel™ will be used o demoto ﬁ:eg
or (A, + L. ,) channel.

1.%.3 Broadband access

Three cases of access for bb-type information have been identified:

(i} In case the ISDN allows for multisiot switching of n x 64
kbit/s (n being 2 small integer}, appropriats € and D type
interfaces must be defined, preferably in line with other
standard multiplex interfaces. -

The multislot switching capability is for fusther study,

Note:
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{ii) 1f {i) does not apply, a few parallel basic accesses according
to 1.4.2 may ba provided. Fu-ther study is neadsd to incor-
porate mechanisms within the {7t which €nsure Lime slot se-
quencc integrity.

for both (i) and (ii), the agrzed sudscriber network signalling method

id identical to the one deszribed in 1.5i.2. Further study is aeeded

for the praoctical implementation.

{iii) For scrvices requiring several 64 kbit/s digital paths an
appropriate standard multiplzz for scbscriber access will
be providzd. The signalling a-rangerent for these applica-
ticas are for furthar study.

1.5.5% PASE access

Two cases hove been identified:

Type 1 - Access of the PABX to ths s¢rving local exchange is eithar by

by a nu=bar of individual basic accesses or alternatively thrcugh
a suitable eulziplex.

Tipe 2 - Connection of thz PABX to the serving local exchange is per-
farmed by an appropriate standard cultiplex, with commoa channel
signalling. Thz Hessage Transfer Part of the signalling shall be con-
sistent with the on2 defined in CCiTT Signailing System Ho. 7.

1.5 Explanations to Fiqure §

Figure 1 shows 3 number of possible functional interfaces in the local
networks of ISDN, some of which may need to be the subject of recomman-
datrions. It is emphasised that the block diagram represents functional

entities and is not intended to represent hardware implementations.
The following comments apply to Figure 1.

Tnz functional circles diagran within the large SLIT Lox represents the
routing of information iIypus into the &4 kbit/s basic channel and
the out-slot channzl.

The SLIC functiona!l representation in Figure 1 does not imply that
all functions may indeed aludys be implerented, e.g9 the out-slot
channel access for low speed services.

A certain degree of flexibility is reccommsnded whan interpreting the
varicus functional interfaces of the SLIC: A,, A,, Ay and 8,- While
interfaces Az and A, will typically correspond to ex%ernsl equipment
interfaces, anterfaécs i, and B might correspond to internal inter-
faces only. Interfoce A, typicaliy refers to the physical connec-
tion of a digital vioce channel at 64 kbit/s with digital ocut-slot
signalling. Should this intorface correspond to the physicol connec-
tion of on analoguz voice channal then coice coding and digital out-
slot signalling generation would bz parformed by the SLIC. Interface
A, typically refers to the physical connacticn of 3 data rerminal
cQuipment (DTE). For exasple this may in the near future be on X.21
or ¥.25 typz of interface; in this case ¢ata pidding us to 64 Lbitss




and out-slot signaliing generation are performed by the SLIC. However,
for future data comrwnication this interfaze night correspond to the
connection of a NTE acnerating daza at 65 kbit/s with digital out-slot
signalling. Similarly interfaces #‘3 might corraspond to the physical

connection of slow soeed DTEs operiting with a CCITT szandard inter-
face or a new interface.

T

4} In view of the savaral types of intarfaces A, A and A, it is re-
coanised that priority shnuld 5= gizen in th2 first §ﬂ5§3n§€= 1]
the study of intarface 8 whare the characteristics of the 64 kbii/fs
and the channs! can b2 specified reaardless of the physizal imle-
e2ntation of functiions parformzd by STEs and SLICs.

The SLIC caps tha characteristics of the differeat A!. A, aad A
intarfazes into 2 common B, interfazs. Interface B, reguires thé
specification of various interfaze levels, including the inter-
leaving technique of the various types of information. It is recdq-
nised that the intsrleaving technigue might imply or not iroly the
provision of alignzent information; this informazion miaht be
carried over the subscribar loop by exploiting the 1inz transmission

technique {e.q. the line codingl).

|
il “‘/ ‘

¢) toncernina nestwork provided broad-band services requiring n x &% kbit/s
the interfaces 8, and D, will, depending on the valuc of aand ~
the conditions i}n ea part?:u!af case, be:

)

- n parallel So, C‘ and °o interfaces, respsctively, or
- Cs and F interfices, respectively.

T

Sce also 1.4.3.

£} Concerning PASYs (of typ= 2), intarfaces 8,, C, and D,

3 vill match
the E, F, ca and CS respectively. See aleso 1.47h.

Cencerning femote digital zoncenirators aud muldexes th: use of
the standard 2 Mbit/s and 8 Mbit/s interfaces is envisaged. inter-
faces E and F should be in accordance with CCITT Rec. G7G3. Although
= some differcnces probably cannot be avoided, interfaces E and F should
= be based on Recs. G 734 ond G. 746. A new muldex with lower capacity
than 2 Mbit/s, of which passible standardisation is under study, can
also b= uysed for interfaces £ and F.

g)
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QUESTION 3/XVIII -~ Synchronization in digital networks

(continuation of Question 3/XVIII, studied in 1977-19892)

Considering

a) that general agreement has been reached in the previous study period on the
need for high quality timing control in the national digital networks,

b) that the decision to operate international connections in the first instance
on a plesiochronous basis has been made,

e) that the interest has been expressed by some Administrations in continuing to .
study the possibility in the longer term of a synchronized international network,

1) that the requirements on the interconnection of international digital links
are defined in Recommendation G.811,

e) that basic agreement has been reached on the need for end-to-end performauce
requirements on digital connections,

£) that some of these requirements have been defined in draft Recommendation G.822,
g) that further refinements of these Recommendations are required,
1) What are the requirements for synchronization methods in national networks,

to provide compatibility in international connections and to ensure the end-to-end
perforuance requirements are met ?

2) What methods should be used for the synchronization of the international
ISDN and dedicated IDNs ?

3) What additional slip criteria are to be recommended for the cnd-to-end
performance of a digital connection, during pericds of temporary loss of
synchronization 7

L) Ho* should the reliability of network clocks be defined and what velues
should be allocated to reliability ?

T

'
i

i

5) What synchronization requirements are needed when satellite switched/TDMA
mode links are incorporated into the network ?

6) What further studies are required to define the limits of wander likely to
be encountered ? How should this be specified ?

T) Wwhat modifications or additions are required to Recommendation G.811 .
(Performance of clocks suitable for plesiochronous operation of international digits

links) and G.822 (Controlled slip rate objectives on an international digital

connection}) ? It will be desirable to harmonize the relevant G, Q and X series

Recommendations. -

8) What additional Recommendations need to be formulated to satisfy the above
points 7
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Annex

(to Question 3/XVIII)

Proposed draft Recommendation G.8YY - Jitter and wander
in a digital network

{contribution by Nippon Telegraph & Telephone Public Corporation)

g TR

1. Introduction

Study Group XVIII agreed to define the Recommendation G8YY
specifying saximus tolerable wander as s design object of & frame aligner at a
network node. The general guideline, as follows, was established at the

May, 1979 meeting.

a) It should be recognized that excess buffer size will
significantly increase the delay through the exchange.

T

b) The specification on wander should be taken s a common
design requirement for a frame aligner.

¢) In the study of wander, it is necessary to refer to present

= CCITT Recommendations.
= G.721: hypothetical reference digital path
= = G.104: hypothetical reference connection

— G.811: international plesiochronoua links

This contribution provides the basis for technical
considerations on this matter as well as the text of draft

“scommendation G.8YY. :

2. Parameter related to wander

2.1 Network configuration

The national network has five hierarchical levels.

a)
b)  Maximum length of digital links:

long=hsul link: 5000 km

short-haul ‘ink: 100 km

2.2 source of wander
Two factors are considered:

delay deviation due to temperature variation 'in

a)
tranazsission facilities;

b)  phase deviation of oscillators at a network node.
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2.3 ¥ander due $o trapamission facilitijes

2.3.1  Iypes of tranamiaaion svstems

To spacify the wander of transmission facilities, it is
sufficient to take into account only the cable transmission systems. It is
= because wander via radio-rslay systems can be considered to be zmaller.

Wander of satellite and optical fiber links is for further
study.

2.3.2 Delsy veriation performances

i

R

Two factors should be taken into account to specify the wander
value of transmission facilities: cables and repeaters.

_-) Performance of cables

i

Delay performances due to ‘emperature variation can be given
as follous:

symmetrical pair

il

paper-insulated: 3.0 na/km °C

[+]
polysthylene-insulated: 0.3 ns/im C
coaxial cable (2.6/9.5 am):  0.03 ns/km C

U

thip

b) Performance of repeaters

Delay variation perforaance mainly due to mistuning of a tank
circuit can be specified as follows:

At/AT = 2/1g (ns/°c rep)

Where AT : delay variation

fo : clock frequency in MHz

AT : temperature variation

2.3.3 Tempersture variation

The values of temperature variation are not yet standardized,
but the following values are assumed considering the typical conditions.

Buried Aeraial )
£ Cable 20 % 80 ¢
;: Repeater 40 % 30 %

( peak-to-peak value )}

(22)
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AEE A o

2.3.4 lpstallation conditions of tranapission facilities

The following tvpical conditions are considered:
long-haul link ~w--~=e coaxial cable (100% buried);
short-haul link ------ paper-insulated pair (100% buried)
= or >olyethlene-insulated (109% aerial).
] 2.3.5 Iransmisajon path model
e As HRX or HRDP, following digital paths are considered:

—

U L

e long~haul digital link: 5000 km;

short-haul digital link: 100 km (= 2 x 50 km).

~ se ¥aa s

2.3.0, &L

I
I

)

From the conditions described above, the wander value due to
transmissinn facilities is estimated as follows:

_; i 7 Daily Daily and yearly

E Long~haul 0 us 3.6 us

= Short-haul | 6.2 us 10.4 us
Total 6.2 us 14.0 ps

= { puak-~to-pesak valuo )

2.4 Mander generated at a petwork node
2.k Ao case o synchronous petwork
In the case that a network is synchronized by a saster-slave

or a mutual synchronized system, wander generated at a network node is due to
phase deviation of a phase-locked oscillator such as:

a) unstability of an oscillator;

b) phase drift of a phase-locked oscillator;

e) phase deviation due to digital control,

Taking into account these factors, 1/2 Ul (peak-to-peak value)

is considered to be appropriate as a maximum wander value at each network
node.

Iy
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Therefore, wander generated at each network node is given

below.

1.544 Mb/s: At= 0.324 us
2.048 Mb/s: AT =2 0,244 us

2.4.2 lo case of pleaiochronoua operation

-
AT,

S In case of plesiochronous operation, wander generated at a

= network node is due to instabllity of oscillators and its value is apecified as
20 us in Recommendstion G.811. But as some administrations pointed out, its
value is too large from the viewpoint of feasibility.

i

NIT proposed a revised value of 2.5 us in the accompanied
contribution (€7 XVIIl No. 398).

3. Wander in a digital network
3.1 ¥ander in a patiopal network

= wander in each digital link and network node accumulates along

= digital links, and its accumulation law depends upon network synchronization
: system: master-slave, sutual and plesiochronous sytems. Therefore, it is
neceasary to sestisate the saximus wander in case of each synchronization
systea.

3.1.1 Maater-alaye svatem

E In the case that a national digital network is synchronized by
= saster-slave syste the wander accusulates linearly along digital links as

= shown below:
= ATT z IA1L . 261“
87¢ :  total wander in a digital network

] 81, : wvander in each digital link due to transsission

facilities

Aty :  wander generated at esch network node.

Based upon the network paraseters and the wander values in
each section as shown above, total waander is given as follows'

8vz = 14.0 + 0.32 x 10

= 17.2 (us)
3.1.2 Mutual synchropnization syates

In this case, the saxisum wander in a national network is
given by:

ATT z  {wander of one digital link] + [wander generated at
both end network nodes)

= 14.0 «+ 2 % 0.32

= 14.62 (us)

i

G

i
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3.1.3  Pleajochronous operatien

In this case, the maximum wander is given by:

Afr = [wander of one digital link] + [wander generated by
oscillators at both end newvwork nodes]

z 1.0 ¢ 2.5

1]

16.5 (us)

These estimations lead to the conclusion that the maximum
wander in a national digital network is 17.2 usec for any network and any
network synchronization systes.

3.2 yander in an international network

To eatimate the wander in an international network, the two
cases should be considered.

Case 1: Digital path is set up through international gateway
exchanges connected by plesiochronous opersiion.

Case 2: Digital path is set up directly between neighbouring
exchanges in neighbouring countries where a national network
is synchronized to a reference clock.

In case 1, wander accumulated in each national network is

isolated by the international link using plesiochronous operation. Therefore,

the saximum wander is equal to that of a national network.

E In case 2, the maxiaum wander is given by

AT = [wander of a national network] + [wander generated by
reference clocks]

= 17.2 « 2.5
= 19.8 (us)

] Jitter in a digital network

Jitter at each hierarchical level is specified in
Recommendations for MULDEX and interfaces as shown below:

1.544 Mb/s: Recommendation G.743
2.048 Mb/s: Recommendation G.703
8.448 Mb/s: Recomsendation G.703

5 Recommendation of jitter and wander

These discussions lead to the Recommendation G.3YY which
specifies jitter and wander in a digital network.

Draft Recoamendation G.B8YY is attached as an Anneéx to thisg
contribution.

-
1
ra




Annex
(to proposed draft Recommendation G.8YY)

1 Jitter and wander in a digital network

1 General

This Recommendation deals with the lower limit of saxisus
tolerable jitter and vander in digital networks to establish common design
requiresent of a frame aligner at each network node. The frame aligner is
= locsted in a digital exchange terminal, a synchronous digital sultiplex or
= other synchronous equipments. Digital networks synchronized by the following
systess are assused:

international 1links -====-- plesicchronous (G.811);
natfonal network =--------- synchronous (saster-slave or sutual)

or plesiochronous.

2 Jdittar and wander in s digital petwork

2.1 ditter and wander in & national nstwork or ipternaticnal links
Yia sataway officas
The maxisum tolerable jitter and wander at an input of a

frame sligner in a national network or an international link via gateway

offices are specified by Figurs ! and Table 1.

2.2 ditter and wagdar for local nsighbourhood jotarnatiopal links

The saxisus tolerabls jitter and wander for local
neighbourhood international links are specified by Figurs 1 and Table 2.
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Figure 1 - Mask of tolerable sinusoidal jitter snd vander

TABLE 1
Valueg for the mask of tolerable jitter and wander st frame aligners

2048 kbit/s| 8448 kbit/s| 1564 Kbit/s
= . A, (us) 17.2 17.2 17.2
) A, WD) 1.5 1.5 - 2.0
A, (UD) 0.2 0.2 0.05
£, (H2) 3x10°¢ 3 x 107 3x10"°
£, (Hz) 20 20 10
£, (Hz) 2.4 x 10 400 206
£y (az) 18 x 10° 3 % 10° 8 x 10'
£, iHz) 100 x 10° 400 x 10° 40 x 1o

Note: UI = Unit Interval

for 1544 kbit/s systems 1UI = 648 us
for 2048 kbit/s systems 1lUI = 488 us
for 8448 kbit/s systems 11Ul = 118 us -
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TABLE 2

Yalues for the mask of tolerable Jitter and vander at frame eligners

2048 kbit/s 84438 kbi;/s 1544 k.bi;/s
A, (us) 19.8 . 19.8 19.8
8! {v1) 1.5 1.5 2.0
‘!(u;,, 0.2 0.2 0.05
£, (uz) 3x10° 3x10° 3x10°
£, (us) 20 20 10
£, ae) 2.4 x 10 400 200
£, (He) 18 x 10 3 x 10? 8 x 10
£ (nz) 100 = 10? 400 = 10° 40 x 10? ]

CUESTICH L/ZVIII - Signalling for the ISDX

{continuation of part of Questiom 2/XVIII, studied in 1577-1980)

Consideri
a) the need for IDEs to be a subset of the ISDN;
b) that Recommendations for Signalling System No. 7 have been prepared in

Study Group XI (message transfer part, common to all users and services, and telephony
user part) and in Study Group VII {data user pert);

e) that Recommendation %.25 exists for recommending an interface between DIE and
DCE for terminals operating in the packet mode on public data netvorks;

4} that Signalling System No. 7 is likely to be used ss the basis for network
signalling for other services in an ISDH;

&) the need for additionsl requirements for customer sccess signelling identified
in Study Group XVIIi;

£} that interworking between customer access signalling and

CCITT Signalling System Ho. 7 will be requirsd;

g) thet functional layering concepts for dsts networks are being developed in
CCITT;

h} tret coordinaticn of the various sigpsiling requirements in an ISSH is

necesSery;
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What are the principles which should form the basis for detailed study of
signalling for ISDN and provide a framework within which equiprent Recormendetions can
te produced by the specialized Study Groups ir regard to :

1. for customer access/network signalling for terminals {including multi-service
terminals and PABXs) connected to an ISDN ?

2. for handling inter-exchange signalling for the various services in an ISDK ?
3. for through-signalling from customer equipment to network-provided resources
and from customer access including multi-service terzinals to another customer
equipment , end to end ?

i, for signalliing between ISDN exchanges and dedicated netvorks ?

5. to provide signalling arrangements for the switching in and out of digitel
processing devices as required in an ISDN ?

6. o provide for the application of the functional layering primciples in
development of signalling protocols in an ISDN ?

Kote : Relevant material is to be found in Annexes 3 and b to Question 1/XVIII.

Asrmmmran =
NUESTTIO

ot ]
7 otk . o3 TR

XVIII - Switching for the ISDH

* % s _sAln

continuation of part of Question 2/XVIII, studied in 1977-1980)
Consideri
— the need for IDNs to be & subset of the ISDN,

- = that Recommendstions for digital transit ex-hanges have been prepared in
Study Group XI,

= the need for exchanges to be able to switch 6k kbit/s circuits vhich may be
Carrying voice, data or other services,

= the need for exchanges to =¢er onerational esd perfcrmance requirements of
voice, dats and other services,

= the nesd to control processing devices vhich say be included in some
connections,

= the ueea to provide intervorking and interconnection between different
tandards and different types of dedicated netuorks,

- the contribution of exchanges to cverall netwcrk serforssnces,

- the need to provide interfeces appropriate to eguip=ent which will be
sonnected to exchanges, from the customer side and from the Interexchange side,

*What are the principles which should fors the basis for detsilad study
of switching for ISDN, and provide a framevork within which equipment Recommendstions
can be produced by the specialised stuly groups. The followirg points should be
ircluded in the studies :

1. Tne interface cetueen local retucrk digital trensmission and the local
exchange {or concentrazar).
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2. The interface betwesn trunk and junction digital transmission systems snd
local and trunk exchanges of ISDN.

3. The interfece between ISDN exchanges and transmission systess to dedicated
networks.

&o Provision of general features required by many services on JSDN.

5. Provision of service-depéndent features required in parts of ISIN.

6. Method of sontrolling signsl processing devices {e.g. acho suppressors}.
7- Arrangessnts for deriving charging informstion according to the
requirsments of di’ferent services carried on ISDN.

8. Arrangesmnts for the use, identification and m of service
indication.

9. Network sddressing and mmwbering and routing options for interworiing
betwesns the ISDN and other networks, and intercomexions of customsrs oonnscted
to the ISIN customers comnected to sther networks.

10. Methods of carrying wider-band services by ssans of milti-slot connexions.

3. Switching programme requiressats consistent with network requirémsnts
{ir cooperation with Question 9/XVIII).

12. Operation sand msintenance of switching (in cooperation with Juestion 12/X¥III}

13. Any sdditional provisions to fasilitate a smooth transition towards
a cosptshensive ISDN".

Kote - Helevant materisl is to be found in Annexes 3 and & to Question 1/¥VIII.

QUESTION &/XVIII - Definition for digital networks
{continuation of Question 7/XVIII, studied in 1977-1980)

What definition should be given to terms used for digitel systess {insluding
switching, sigoalling, synchronization and transmission systems} which fors part of

digital petworks 7

Sote 1 : Studies on this Question should be based on Recozmendetion 8.70E.

Rote 2 : The Rapporteur for this Question will act as ccordinater for the study of
related definitions produced in other Study Groups, e.g. Study Groups VII and XI.

Note 3 : It is understcod that in the present set of Questions the ters "Digital
Batuorks™ includes both the IDN and the ISDR.

F/XVIII - Encoding of speesch and voice-band signais using me
other thar, P0M, in sccordance with Fecosmendation G

continuation of Question 10/XVIII, studied irn 1377-1580)

Consideriag that

&} POM encoding for speech is now widely used in telecommunicaticn networks

{A-lav and u-iav},

[0}
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b} progress in technology is likely to offer cther coding methods which are
of & technical and economic interest,

¢} there is a desire to make efficient use of transmission paths,
d} proliferation of standards in the world vide digital network leads to the
need for code converters and to operational complications,

e} the IDN and ISDN studies are based exclusively on 6L kbit/s paths
the following should be studied :

Should any other encoding method {e.g. adaptive differential PCM, delts
zodulation or sub-band coding) be recomrended for use in international networks 7
If sc, for vhat applications are they suitable and what are the relevan: tranamission
perforsance criteria 7 What sare the inter-vorking probiems with systeus using

standard PCM encoding ?

the frace of this Question the following probless should be considered :

ol
2]

1. choice of encoding methods,
2. choice of a bit :ate for encoding of speech signals,

3. effect of digital netvork impsirment on vcice and voice-band data signels
transpitted over codecs {ADPOM, TM and others]),

k. voice-band dats transcission st various rates in channels formed by
ADPCM, DM and other rcethods,

S. transmission performance of codecs connected in tandem {ADPCM, DM end others},

6. compatibility with digital networks based on 5k kbit/s time slots,

7. cozpatibility with digital signals encoded by other methods, for exazple
64 xbit/s POM,

8. the performance of the lower rate speech coding schemes when they are
connected in tandem with appropriaste digital conversion to interface
with the existing p-lav and A-law 5k kbit/s Recommendation G.711,

§. gquantification of the impairment 1o voice and in-bgnd data services when
the digitel path produced errors in the range allowed by Recom—endstion G.82

i8. the =ethods of assessnent 4 in the evaluaticn of spesch performance
{comments of Study be requested on this mstter!,

11. ussge of encoding methods PCM for widstand speech signal

transcission,
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Reply to Questicn

The studying being car
showsd that proble=s of choice
uis rate are most izportant and urgent.-

Ugny inistration
b o

to haze a situation which In I
{a and u) ead vhich, subsegueniliy.

The majority of Admini
T snsoding the encoding bit rate =t
xeitfs. The prefersbie encoding 5

During the preceding study perisd 1373-1375 the study oainly rolate
adaptive delts modulatica. Tne present study pericd kas shown greater intere
adaptive dirferenzial PO {ApPo xhit/s for wvoice and voice-bxid <ata
transmissicn.

Shﬂyﬁmﬂﬁiumméfﬁamu obtained by Stuly Sroup Xil
for sn estimsts of & value of guentizing distortion and maber of ispairsent
units with 32 kbit/s ADPCH process.

ki

Mereover, the cpinion vas expressed that the differential cncoding reihods

could be ressconably used snot enly for reducing & it rate Tor telephony but alse for
reasing the bit rate of &L kbieis.

sransaitting videband voice signeis without inm

An cpinion wag alsc expressed that when choosing the bit rate the cethods
and 1ws of encoding the problems of jmtegration of services in 2igital astvorks
should be taken into considersticn along with the jzpect of the imiroducticn ¢f i
nev encoding ®ethod into integrated setworks. Moreover, the
necessity of studying the problen of ~ompels ;
by other =ethods, for exa=gie its

with Reco=sendsticn G.713.

for differential encoding metheds.

(22} .
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Telephone sigre} encoding at 32 kbit/s : Comsept of
pon-accummul 5 of Inpeirments in successive code conversisos

{contribution fro= the Fremch Adninistration}

ot
4

Introductiocs

mr

A distincticn should be drsxn between the tue types of eguipment indiceted
mwwhencensideringmmﬁi.s-‘ﬁgﬁ gther than PIM, suck g5 POM 2ifferentisl
adaptive enceding at 32 xbit/s (FDMEa

‘Immm

- = terminal wvhich converts the AT signel directly intc sn encodsd signal,

- %e@mm&-;ﬁ‘skm%éﬁiﬁéﬁgﬁ’s
{A-1law or 1=-lew} into e sigoal encoded et & lower bit rate, e.g. 32 kbit/s,
snd vice versa.

"Encoding” is the opersticn effected by & terzioal and "code conversicn™
that effected by s code comverter.

A giver encoding technigque willi therefore have the property of oon-sscummistion
of impairments in successive code comversions, if the followinzg ororaticss :

AF PO POMDA P AF

and AF oM 208 FOM ——= PO e - AF

produce the sane izpeiraent regsrdless of the nushar of interssdiste
PO — POMDA — POM seguences.
This property reiates solely to successive oode conversicns.

Parsgraph 2 shows the sdvantsge of this g:s;stnyfar“ the introdustion of
32 kbit/s encoding technigues into s digital networ

The French Adzinistration has studied & differential 32 kbitis PIM coding
technique with sdsptive guantizer and fiyed predictor vhick possesses this property
{see COM I‘é‘:-‘ %o. 248, stuiy period 1377-1980%.

?te izprove the s PDMEA encoding techmiques
using s fixed predictor, soos Adsind - the Freach) have proposed
the use of 3:% kbit/s adsptive gusntis ‘*e Mc&r dif: ert-'?.:;i
encoding techniques. The French %’l‘.;:;s";»zaz £
Adninistrations studying such encoding Eeé.:&zq.? ;,s, it &:‘aﬁi !:s- usef:
tschnigques alss nossess non-accu=uistion of
code conversisns. lines are st present
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2. Non-accumulation of impairments in successive code conversions

The purpose of this parsgraph is to consider the repercussions of the
property of non-accumulation of impairment on the successive code conversious which
can apprar in & digital netvork.

Let us consider & digital netvork with TDM switching and & bit rate of
64 kbit/s, and the case (Figure 1) of a call routing folloving several digital
tranmsission paths separated by TDM svitching centres. A priori, if ve use a
conventional 32 kbit/s coding in transmission and wve put s code converter at each
svitching/transaission interface, sach code converter will introduce its own
ispairment &nd the total impairment vill be proportional to the number of circuits
involved.

If, on the other hand, the 32 kbit/s coding used for tranmission does not
accumulate impairments in’ successive code conversions, the total impairment will
correspond to the impairment caused by s 32 kbit/s coding/decoding irrespective of
the number of circuits used for the 2all.

This type of digital routing will become very common once network
digitization is sufficiently advanced, hence the importance of impairment
pon-accumulation in successive code conversions.




3 -
COM XVIII-tio.

ot
]
bl

Case I

£Cu L.TIKC o
PN 64 POM 64

TOMYC

8CU PCa 64 L.ToMC
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Case II

oM D 32 PCH D

roy 64 o U

PCH 64

Ky TONC
[t

© Case 11X

PoM D 32
scu L.ToMC PaDy

PCH 6L

Laonel.  froup PCM D 32 Fou
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Figure 1 - Examples of digital calls =
- Cage I Example of 64 kbi! '3 digital call :

-~ Cage II Example of digital call using a 32 kbit/s section : the impairment
compared with Case I is that of a PCM D coding/decoding

- Case II1 Example of digital call using two 32 xbit/s sections

The impairment is the same as in Case II provided that the 32 kbit/s
coding has the property of non-accumulation of impairment in the
successive code conversions

MR

SCU  : Subscriber connection unit

LTDMC : Local TDM centre

TDMIC : TDM transit centre

PCM PCM D Code converter PCM FCM D
PCM D PCM Code converter PCM D PCM

Only one call direction is shown
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Annex 3

(to Question 7/:VIIT)

Quality evaluation of codecs at 32 kbit/s

(contribution by Bell-Nerthern Research)

1. Iatroduction

Rscent exparimenctal work on nev ADICM Codec designs conductsd at
Sell-orchern Rasearch indicate that the spasch quality obtaimsd wicth 32 kbit/s ADPCH
comes close to that obtained with 8=bit ,a.-zss companded PQM codecs. Ia particular,
tw codec designs vers sveluatsd, one employing s fixed third-order predictor asd an
adaptive som uniform quastiser, heresafter referred to as ths ‘F32° codec, the second
employing as adsptive thizd-order predictor snd ths sams quantizsr ss bafore,
hareattar rafersed to as the °V3i2’ codsc.

2. lasnlis

(s) Both ADPCM codecs meat the sizunsl-to-tocal distsrtiss racic template of
CCITT Racommsmdation G.712, Yigure 3 for fraquessiss Below 1100 E3. Per
higher frequsaciss, the signsl-co~total distortiom ratio dreps rapidly fer
the ‘732° cedes, but remaiss adbews 30 d3 fer the ‘V3I2°.

+8) Tha subjective spesch prefersucs tests show thac the quality of spesh
trasssicted over tha ‘Y32’ codec is comparsbls ts that of spesch
trensaitted over am 8-bit, 4=233 PCM codee: The quility of spesch
traasaitced over the ‘731’ codec is slightly wersa thas that of spsach
::‘“ﬁ-utd over am S-bit but bettar thas that evar a T-bit, u=255 pPCM

(¢) Voice-band data transmission at data rates up to 4BQO bits over the 'V32!
codec resulted in bit error ratios of less than 10°°. In contract, the

'F32' codec shows bit error ratios of more than 1077 at the tested data
rates of 2L00 bits and LBOO bits.

(d) The test results confirmed that signsi-to-totsl distsrtiom retioc with
spesch sfgnal imput is not suitable to accurataly assess the qualicty of
ADICH acdecs. Yor the same subjective quality, the sigasi-to—-total
distortios ratio (spasch input efigmnal) of the tssted ADPCH codecs is
aunerically approzisacely § 43 lower thas the csrraspouding sigual-te~totsal
distortion ratio of PO codacs.

A modifisd seguanted signal-to-total distortiom ratio (spesch imput)
quality indicator sodelled after Richards {1] was slso testsd and showed no
such biss. The quality iadicator Q is defised hare as

Q=20 log g
,, o 1
vhers log (144') 5 ngl 10[[14'1?.1-1:/ 121(21-!1):]
and M = §4 samples st 8 kiis
¥ « mmber of § as blocks in the signal
x, © origisal spesch samples

21 ® recoastructed spesch samples
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3. . Counclusions

) A stogls 32 kbit/s ADPCK encoder appesss to provide sdequats parformance
for veics transmissioa ever om error fres channel.

L

(a) Tor veoice traammission only ADPCH with fixed predictios (F32) is
sufficianc.

= (b)) 1f both, voice and voilca~band data signals ars to be tramsmitted, ADPCH
3 with fizad prediction (F32) 1s wot adequats but the ADFCM with adaspcive
=3 predictisn (V32) may be suitsbls.

(¢) To cuswre speech quality better tham that of 7-bit, u=235 cempanded PCM, at
= lesst third-etvder pradiction ia ADPCH codecs is {adicated.

REFERENCE

1. RICHARDS, D.L. Speech-transmission performance of
. PCM systems, Electronics Letters, 1,
pp. LO-L1, 1965.

5 Annex 4
e (to Question T/XVIII)

Speech coding at 32 kbit/s
(Extract from COM XVIII-No. 185 - Italy)

= 1. Introduction

: This Annex describes a digital Differential Pulse Code Modulation with

= adaptive quantization (ADPCM) developed and tested in Italy. Its performances in
= terms of objective as vell as subjective measurements are shown and compared with
1 a 6k kbit/s PCM system.

AR

E 2.

- Figure 1 shows the block diagram of a DPCM vith adaptive quantization.

= o The %nppt Signnl digital samples sp are compared with the sample 8 ,
=N being the prediction filter output; this difference e,» called prediction error,
e is coded and transmitted.

Prediction is performed by using Equation (1) :

" Tn-1" -2

- {1)
T, dn + En

0.5 rn

The predictor coefficients were computed 80 as to minimize the mean
sguare error e< . A filter with tvo coefficients only was chosen, because by
increasing the number of eoefficients the signal-to-prediction error ratio does
not improve considerably.

it R e
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The adapter modifies the 4 bit quantizer step-size on the basis of a short-
time estimation of the r.m.s. of signal e, to be transmitted. In order to avoid
the transmiesion of the step-size, it is computed both at the transmitter and st
the receiver using semples 4., i.e. the prediction error after quantizing and inverse
quantizing.

Step-size computation is performed by using the following eguations :

Q *cPy (2)
= - o7k -~k
P=(-27%)p _, +27%4, (3)

wvhere ¢ # 0.5 and k = 2 were chosen to maximize the signai-to-noise ratic measured
by computer simulations.

3. ADPCM 730 : Objective and subjective performances

The signal-to-noise ratio is computed as :
- (sznb
S/ =10Llog 7T

vhere sn and r' are referred to in Figure 1.

S/N consists of the two following terms : S/E, the improvement due to
prediction and E/N, the signal-to-noise ratioc of the guantizer.

In the case of the predictor, with the two chosern coefficients, S/E 1is
slightly higher than U dB, while E/N is about 17 dB; then S/N is greater than
21 dB.

Figure 2 shows the objective performances of the system on the whole
telephone signels range, in terms of S/N ratios of a 64 kxbit/s and of a 32 kbit/s
log - PCM for comparison reasons.

It has to be pointed out *hat S/N is always greater than 20 d5. In fact,
1t was verified that if S/N exceeds this value, for muitiplicative 1oise and telephen
speech signals, subjective guality is quite independent from the zame 374 valiue

L.

In ADPCM T30 the noise is really multiplicative, as shown in Figure 3,

oving to the quantizer step-size adaptation. In fact, the noise is alvsys masied
ty the speech signal and then it is less perceivable than an additive one.

Moreover, ADPCM can present an adaptive quantizer characteristic satura:
vhich can be referred to as slope-overload, because the system is differential and
which is due to the deconvoluticn process. An exampie is showr in Figure &, where
a typical speech vaveform and noise are plotted.

This kind of noise does not present a great infuense on subjective
-Sessments, while it is more important, for the overall noise chjective measurerent,
starting from the given defirnition.

In the case of the ACPCH 730 system S/N, evaluated b5y excluding the sanmpies
s 3 & k k
presenting slope-overload, is 2 to 3 dB greater than overall S5/,

i




Subjective tests were performed by the categorical judgment method for
ok kbit/s log - PCM channels as well as for the described ADPCM system.

The tests werse carried out during a conversation between two operators
who gave their judgment.

The mesn opinion vas obtained from 20 people assessments and every one
carried out two tests under each measurement condition.

Figure 5 shows the mean opinion score versus the link overall reference
equivaient for 64 kbit/s log = PCM and 32 kbit/s ADPCM channels. It can be seen
that the mean opinion score presents only s small difference in both conditions.

Tests Lave elso been cavried out on the transmission of dats signals, telex
a=3 F. signalling in the voice bandwidth.

For t-e:.ex &=d MF signallirg, no impairments due to the ADPCM coding process
nave been observed.

As regerds data signals, no quality impairments are introduccd by thre
expericeztel equipzents vher the dats bit rite is lover or egual $o 2L0D bit/s
end ro zire than tud A/D - D/A conversions in tandem are includad. Dsta transmission

tests at L30D bit/s vere not completely satisfactory. Studies are being carried
out Ior assurirg s gocd transmission quality also at this bit rate.

It is worth noticing that in the equipments developed, an ugorifhn is
proviged in order to prevent the propsgation of errors introduced by the channel.
Therelore, the quality of the digital conpsction in terms of error rate is not

icpaired by the ADPON coding process.

Listening tests shoved that_quality is not conmsitersbly influsnced by
charg. 1 error probabilities up to 107<,
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1 Figure 4 - Typicsl waveforms in a DPCM system
with adaptive quantizer :
a) input signal,
3 b} quantizing noise.
M.0.S.
1 E
1 G py
)
~-§§
1 F ~
E ~
= 5 —
= *© o] 3% &8
. CCITY - 47228
= 8 pCM ® ADPCM
= - Figure 5 -

Mean opini
and

on

score
vSs.

Ty PO
refarern

s

aE

o
L=




=

TN sl

annex S

(te Question T/¥VIiI

,

Use of differential encoding for "wideband speceh”™ in the ISDH

{contribution from Federal Repubiic of Germany!

Differential encoding, such as delta modulation or ADPCM, has been
taken into consideration in the interest of reducing the bit rate
required for voice transmission. For applications of this kind, the
majority of Administrations agreed that the encoding bit rate should
be 32 kbit/s (see Reply to Q.10/XVIII, Study Period 1977-1980).

This Contribution is intended to draw the attention of S.G. XVIII to
the fact that differential encoding may alsc be used for an entirely
different purpose, nasely for providing a "wideband speech”™ service
in the Integrated Services Digital Network {ISDN). A suitable (and
rather simple, hence sconomically attractive) encoding scheme is the
well-known Continuously Variable Siope Delta Hodulation (CVSD) [ 1 J
which, when used at 64 kbit/s, enables speech with a bandwidth of
about 6 to 7 kHz to be encoded with good quality. This could be
attractivesespecially in connection with "loudspeaber telephones®.

Ccapared with the encoding of wideband speech by PCM at 128 kdbit/s,
CV3SD has the advantage that only 64 kbit/s are used (no sulti-slot
service with accompanying problems of providing "digit sequence
integrity” and of increased blocking probability).

An additional advantage may be seen in the fact that, if & unifors
sncoding scheme is standardized, no code conversion in international
connections is required, in contrast to PCM encoding,

In the ISDN, it may further be sttractive to provide a combined
voioe/nem-voics service uhars S.g+ 48 or 56 kbit/s are used for speech
encoding sad e.g. wp to 8 kbit/s for data cr other purposes.

Reference

I 1] Hosokauwa, S.; Yamashita, K.: Companded delta sodulation coders
of the 1/2 pover and 2/3 power types. Flectronics snd Commu-
nications in Japan, Vol.51-A (1968), No.11, pp. 18-26.
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The points listed below require particular attention in the studies, whareby
account should be takes of all likely media that might be utilized.
radic relay, satellite, metallic and optical fibre cables.
be required with other CCITT and CCIR study groups.

These include
Close collatoration will

1. What amendments or additions are necessary %0 the netvork perforzance

chjectives for errors acd slips as recoomended in Reccmmendations ¢.821 and G.822
respeciively 7 (See Annexes 1. 2 and 3 and Questicn 3/XVIII}

2. Whizh additional types of impairments ana characteristics should be studied,
and what recozpeiuations should be made in terms of netvork transmission performance
objectives {e.g., jitter, vander, short irterruptions and transaission delay) 7
{See Annex &}

Particular attenticn should be given o Lhe interdependence of certain
perforsance objectives.

2 Are the hypothetical reference comnnections recommsended in G.104 suitatle for

the study of network transmission rz-formence objectives ? Wnat smendments or
additions are necessary ?

Kote : They should be brought in line with Recommendation G.103.

Reccmmendation X.92 for data networks should be considered.

& How should the oversll network transmissicn performance objectives be
spporticned tc the individual component parts saking up the connecticar ?
s What spprosch should te adopted in converting transmission perforasnce

objectives for individual itess into equipment design objectives and commissioning
5

objectives ¥ {See aAnnexes 5, 6 and 7).

=

&, Are the hypotheticel reference digital paths defined in G.721 a suitsble tool
for defining the transaission performsnce of nstwork component parts and the systess
design objectives T Uhat smendments sre required ? What sdditionsl HRDPs should

bz recommended 7

o

. Wnat is the izpact of digital signml processing devices (e.g. digital pads,
she controllers. encoding law converters, digital speech interpclation devices, etc.},
sn network trans=ission performance, and vhat is their dependence cn networx
transmission performance and traffic conditions ? what guidelines should be
sstablished for their use 7 (See Annex §)

In considerinz the introducticn of digital pads and otker wigital processes,
particular reference should be made to Reco=mendation G.121 as amended at Geneva 1380
and Decssmendation G.152 as amended at Geneva 1980.

Hote 1 : Study Group XVI are studying the network planning rules concerning ¢
transmission performence effects of scze of the above-menticned devices, which will be
used in mixed analogue/digital networks. Account should be taken of these studies

or
~
o
'
0
)

oplement Ho. 21 {Canada : 3NR) gives values for quantizing dis
igital processing devices.

L What transmissicn performance parameters should be defined t¢ ensur

sppropriate evclution towvards the 15DN and vhat values should te recormended for

.
3
)

gt
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Poiut B.  Call processing performance of digital networks

Considering
al that eguipment can be designed tc measurable performance standards,
b} that networks can be implemented tc controllable performance standards,
c} that there is an optimum balance between cost, technology, and the needs and

expectations of customers,

d} that some parameters for the quality of service for the IDE for telephony
have already been estsblished,

1. What are the call processing performance and design objectives for the IDN,
the ISDN, and the appropriate evolution towards the ISDN ?

Ip particular, performsnce parameters and their values should be defined on
an overall basis {customer to customer) and values apportioned as appropriate to nodes
and links in the network, such as call set-up delays, call failures caused by
congestion, call failures caused by equipment malfunction and loss of service
{availability).

2. What methcds should be used to measure the call processing performance ?

3. Which hypothetical reference models should be used for call processing
performance determination ?

Kote : The study of this Question will take account of comsideration by CCIR
Study Group 4 (see Contribution COM XVIIi-Ro. 6).

Annex 1
(to Question ©fXVIII}

Considerations on ths relationship between mesn bit
error ratio, averaging periods, percentage of time
and percent error fr=e¢ seconds

{Contribution by Bsll-Northern Research)

Recommendation G.B821 specifies an averaging period of to = 1 minute to
determine meéan bit error ratio (BER). Simultaneously, error performance is also
specified in term of ¥ error free seconds (EFS). Both performance objectives are
given for s digital connection at 64 kbit/s.

This Annex offers additionsl considerations regarding the relationship
between Mean Ber's with variuugéavmgiﬁg periods, percentage of time that the
Mean Ber is better than 1 x 10 =~ and ¥ EFS. The calculations are made on the basis
of an assumed Poisson distribution ¢ ~ bit errors on a& 64 kbic/s digital connecticn.
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The relationship between the long term Mean BER and % EFS can

be shown to be
% £FS = 1006 BE ,
e
2 e = base of natural Togarithm %

8 = Bit rate in bits/s

i

E = Long Term Mean Error Probability (n x 10°%), equivalent
to a long term Mean BER of n x 107 .

i

This relationship is shown in Figure 1. Long term Mean Error Probability
in this context fmplies Bit Errors averaged over a sufficiently long period
to yield & constant BER.

i

Recormendation G.821 specifies in Table 1 a2 threskecld bets
degraded performance of a Mean er = 1 x 10" averaged over To » 1 minute. In order
meet this criterion on a 64 kbit/s digital connection 3 or less errors must be
counted. For randomly {Poisson) distributed errors the probability P of this
occuring is

ns=s3
Pn < 3) = z: (60 8)" , 160 BE)

where n = humber of errors.

This relationship is shown as curve | in Figure 2.
From this curve the following can be deduced:

a) 1f for 1e 935 of one minuts periods has to meet the
1 » 10° Msan BER, a long term Mean BER of bettar than
4 » 107 would be required.

d) A long tarm Mean BER of 1 x 10° would yleld oniy 463 of
the one minute periods meeting the 1 x 10° Nean BER critsrion.

1f the measurement pariod To is extended to 5 minutes at 64 kbit/s,
19 or less constitutss the acceptable error count, equivalent to a Mean BER
of 1 x 10°. The probability of this occurring is shown ss curve 2 in Figure 2.
Agatn, if 93% of five te periods had to meet this critsrion a long tarm
Mean BER of < 7.2 x 107 would be required.

AT

Similarly, for a measursment period To of 1h, the equivglent values
are 230 or less error counts and a long term Mean BER of < 9 x 107, to give
93% of 1h periods meeting the 7 x 10° Mean BER critarion. This is shown
as curve 3 in Figure 2.

Curves 1, 2 and 3 of Figure 2 can be used to relate the percsntage
of time Ty and various averaging periods To with a Mean BER of 1 x 107 to
the long term Mean BER. By using Figure 1, the long tarwm Mean BER can then
be translatad into % EFS.
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Annex 2

(to Question 9/XVIII)

An approach to the formulation of error performance

(Contribution by the Federal Republic of Germany)

The error performance requirements outlined in the following are based on the
.iea that data users heve a legitimate interest to transmit a large percentage of
deta blocks without bit errors. However with 6L000 bit/s (or h8B00O bit/s - the
.ighest data rate specified in Recommendation X.1) these blocks will in general not
have a duration of 1 second. In other words. the request to have 95 % error-free data
blocks (EFB) is entirely appropriage whereas the request to have 95 % error-free
seconds appears to be tco stringent.

It may be useful to consider requirements graded in accordance with the
length of data blocks {or more generally, of intervals of certain numbers of bits).
About five interval lengths, for instance from 200 to 20000 bits, might be suitable
to cover the actual conditions of remote dats processing.

Assuming Neyman's "Type A contagious distribution", which describes
clustered distributions, symbols n = number of bits in the chosen interval,
P = long-term mean error ratio, m = cluster - bit ratio (i.e. relative frequency
of error events per stated sample size of transmitted bits), and m. = mean number of
errors per cluster, with m,m, = np, one obtains the probability of an interval
containing no errors as

] - n - -
P, = exp [l - ;5 (1-e m2)_/

and specifically, with p = 5.10 6 (which lesds to > 90 ¥ of minutes with a bit error
ratio of < 10 7, i.e, < 38 errors per minute), and m, = 2, i.e. a comservative
value

P, = 99.95 % for 200-bit intervals
P, = 95.76 % for 20000-bit intervals.

Based on the above reasoning, it is proposed to consider, as an alternative
to the concept of "error free seconds", the approach of a graded system of requirements
based on a set of different block (or interval) lemgths. Using this approach, it
should be possible to reconcile the requirements of data transmission with a mean
bit error ratio of 5.10 6 (as sufficient for telephony).

Furthermore, the actual distribution of bit errors (probably characterized
by error bursts, or clusters) should be studied before finalizing Recommendation G.B521.
Since a large percentage of the errors will be allocated to the subscriber lines,
results of 2rror measurements on such lines are urgantly needed.

o~
n
no
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Annex 3
to Question 9/XVIII) .

At the instigation of Study Group VII, the coucept of error-free seconds
has been used in the preparation of Recommendation G.821. It was pointed out
by one Administration that future studies in Study Group VII may show that this is
not the most appropriate method of defining the performance requirements for data

and other non~voice services.

T Al

Annex b

] (to Question 9/XVIII)

- Jitter asccumulation on digital paths and jitter performance
of the components of digital paths

T s

{Contribution from Federal Republic of Germany)

Summary

In the present contribution two models of digital paths are considered.
Starting from the Jjitter characteristics of the components of a digital
path, the jitter accumulation along a path is described with the aid

of these models. -

It is shown thaf'for unrestricted interconnection at international
interconnection points jitter characteristics are required which
are not necessary in national networks.

1. Digital path models for Jjitter studies

Studies which started from the preliminary considerations of the
contribution COM XVIII-No. 69 resulted in two models of digital paths
which are particularly suitable for the treatment of the pending
Jitter problems and applicable to all hierarchical bit rates.

e

i+1. Digital path model a)

One of the path models -~ model a) of Fig. 1 - is a tandem connection of
line path and muldex sections which alternate systematically.

source line path muldex sink
| ! sect. '
[:] | E : | E3 E} ! [ [ lEa E} | r I | l l

Model a)

source| line path | sink

[H-- >t -t - >+ |

Model b)

Figure 1 - Digital-path models for litter studles
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The fact that the components of digital paths can be divided into two
groups with basically different Jjitter behaviour has a favourable
congequences

~ PCM multiplexers, digital multiplexers, digital demultiplexers, and
digital exchanges tolerating relatively high input Jjitter, but causing
low output Jitter;

-~ 1line paths (i.e. line paths on cables or other media} tolerating
low input jJitter, generating inherent Jitter and, therefore, producing
relatively high output jitter.

Model a) is sufficient for the description of the conditions in a future
digital network of the Deutsche Bundespost. The same is also expected for
peny other national networks.

1.2. Digital path model b)

At intermational interconnection points, it should be poasible to inter-
connect without restrictions sections of the same hierarchical bit rate via
the internationally specified interfaces. This means, a direct interconnec-
tion of line paths with respect to jitter must be possible as worst case.
Therefore model b) of Fig. 1, where the digital path is exclusively built
of line paths, represents - in addition to model a) - an adequate model

for international interconnection in jitter studies,

2. Jitter accumulation on a digital path

With given output jitter in the absence of iaput jitter and given jitter
transfer function, the shape of jitter along a digital path can be de-
ternined.

The lower limit of the maximum tolerable sinusoidal input Jjitter of a
path must be situated with a clearance above the largest expected output
Jitter of the preceding line path.

In the following, the jitter increase along the path is represented for
the path models as per 1. The response has been determined by calculation
and by measurements. The results are illustrated in general form, inde-
pendent of the bit rate.

2.1. Model a)

In Fig. 2, the output jitter of a muldex section and of a line path from
model a) is represented without input jitter. Fig. 3 represents the
associated jitter-transfer functions.

bolo e o
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Figure 3 - Jitter-transfer function of & line path and & muldex section

Figure 4 shows the amplitude of phase jitter slong & path In accordance
with model a)

’GdB" ——-d-—./-f—--—;—_'-—\'-—-—
E
line path = muldex
i] f'r_ ;3 i\ ;C Ez
frequency ~—w frequency —o=

-

ﬁ-%%%ww

C) sk

0- n——

=
+

Jitter amplitude—»
s

I
Y

1 fe f; frequeacy f —m=

Pigure & - Cutpur jitter in model a)

o
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Source:

Pseudo-random pattern
Output jitter:

Measured via high-pass filter with variable cut-off
frequency f

Input jitter accordinz to Rec. G. 703
(shown for comparison)
Output jitter of the source

Qutput jitter of the first line path, coriesponding to
the ocutput jitter of a line path without input jitter

Reduction of the input jitter due to the first muldex
section

BRI e !'I'hb’l!
i

i

I
kgl

o

I] T i

Output jitter of the second line path. (Due to jitter
accumulation below cut off frequency fc, the values are

slightly higher than the ones obtained for line path
without input Jitter

Reduction of input jitter cdue to the second muldex
section

Output jitter of the third line path

R

@0 600G H

=
=
=
&

]

In the case of paths with gmore sections than in model a), the jitter
values would increase, although slightly.

s R

In model b) three line paths are connected in tandem. Fig. 5 shows that, £3
for the same line path as in model a), the output jitter amplitude will =
rise as in Fig. 4. It can be seen that the output Jjitter amplitude of =

the last line path in transiitting direction increases permenently with
the number 6f line paths ahead.
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Figure 5 - Cucput jitter in medel
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Input jitter according to Rec. G.703 (shown for comparison)
Output Jitter of the source

Output jitter of the first line path (identical () in Fig. 4)
Output jitter of the second line path

Output jitter of the third line path

In order to control jitter accumulation over the entire path according

to model b), Jitter reducing means are necessary within the second and
within all following sectiors of the path. The reducing means can be
considered a replacement for the jitter reducing effect of the de~
multiplexer in model a). Consequently, thc jitter-transfer function

(Fig. 6) describes the puldex - line path. - cascade. It is the product
of the jitter transfer function of the components muldex and line path
(Fig. Bg-from model a).

+3dB ]
0 -

£
o
o
[
p
=
-

3 frequency ——m

Figure 6 - Jitter transfer function of & line path in model b)

Additional means for Jitter reduction are not necessary if the output
Jitter of a line path without input jitter is already substantially below
the maximum tolerable value.

The necessity of specifying the jitter transfer function of a line path
is the consequence of unrestricted interconnection at international
interconnection points.

Fig. 7 shows the shape of the Jjitter amplitude along a path according
to model b).

i
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fy fc f3  frequency f —o
Figure 7 - Qutput jitter in model b)
Source: Pseudo-random pattern

Output Jitter: Measured via high pass filter with variable cut-off
frequency f

Input jitter according to Rec. G.703 (shown for
comparison)

Output jitter of the source

gutpuz);)itter of the first line path (identical (2) in
ig.

Output jitter of the second line path

©@0 ®0 =

Output jitter of the third line path.

In paths with more than three line paths, the jitter amplitude increases
at the end of the path but slightly because of the jitter-reducing effect
of the waximum tolerable jitter transfer function of the line path.

3. Jitter specifications

It has been shown in chapter 2 that the components of a digital path are
completely characterized by

- tolerable sinuscidal input jitter
(more exactly: lower 1imit of maximum tolerable input jitter)

122)
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maximum output jitter in the absence of input jitter, measured as peak.
to-peak value with a high-pass filter

jitter transfer function, measured as Jjitter gain with sinusoidal input
Jitter.

*n Fig. 2 to 7 the boundaries for jitter behaviour (dash dotted lines)
a.-e drawn in accordance with calculations and measurements of tolerable

Jitter responses.

Annex ©

{to Question 9/XVIII?

Btate of CCITT studies regarding equipment design objectives, in respect to
error performance, for digital transmission systems on cables

1 Iptroduction

t 4 bjeotives for digital tranmission systess on oables (balanced
:':lr?:m:% 2-4 opticsl fidre) are specified in Beo G.911-918 amd G,921-922,
alomgeide network performamoe objectives for digital line sections at the

sorreaponding bit rates.
OCITT studies have B0t yet advanoed to the stage that ths oleises of those
reccumendations whioh are to relste to error perfornanse om b omplsted.

The purpose of this mmnsx is to present the curremt status of those studies sc as
to provide designers of cable digital tranmmission gystems with interis guidamce
pading the scmpletiom, im respect of error parfcraamee; of the amtiond

Becoumendations.

2  Folationshir to network performance objectiv

The network error performance cbjectivep for the integrated services digital
network (IBIN) are stated in Reo. 0.871 (Error parformance of am international
digital comnection forming part of an integrated servioces digital network). Those
objeotives take acoount of all «rrors, however cmused, liable to ocomr in & digital
network. Nuiment design objectives for digital tranmmisgipm bave to be
ompatidle with the matwork objectives of Nec. G.8231

Nost errors in a digital network are attritutable to interfering influsnoces such as
lightaing atrikes, isdustion rrom electricity supply or tyastion systess or paralleld
tranmission gystems, amn-aade disturbances, stoc. Eguipmemt design objectivaes

for digital tranmmission gystems should ensure a degree of provision in the gystem
design to minimise the affects of such interfersnoes. This is & sudjesot of study
within new Q. 12/IV. Until such time as the importamt error-csusing interfering
factors oan be taken into socoount in the definition of ths emvirommental oonditiona

il

Tl i

i
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Zorming part of the equipment design objectives system designers need to allow
generous margins in respsct of them. This is dome within both of the design
approaches described heresafter.

However, it should be observed that radio relay systems and satellite gystems will
be subjeoct to different «xrror charsoteristios than those inmurred Yy metallic cable
aysteas.

3 Available eguipment design objective approaches

Two distinoct approaches to the error perforsance aspects of digital transmission
aystam design bave been idemtifieds- )
= The error psrforsance of a lypothstiocal refermos digital path of
defined langth and oomstitution is specified; this serves as a guide
to the design of all equirmenit items invelveld in the hypothetical
referencs digital path. This approach is ssalogous with that adopted for
speoifying the noise performance of snglogus tranmmission systems.

= The quality of repeaters used in s tranmission aystem is specifisd and
ssasured {n terms of “repester margin®.

Jotk approaches inwelve the definition of envirommental oonditions. In either case
it is impracticable, for ths present, to inoclude the emvirommemtal factors
oongidered in 2 abovs,

Altbough based on differant philosophies it is not t0 be sassumed that either
spproach necsssarily excludes the other. The final outoame of CCITT stwdies sy
well be clauses dn error psrformance equiment design ocbjectives in which the
{two approachss complemamt each other.

The two approsches are oconsidered separately and in detail in Sections 4 and 5

4 Definition ¢f error performance ecuirment decign corlecrive,
e - 3 - -

ed in relaticn *o a hunothetical reference Zipizal v

4+1 Rec. C.521 expresses the overall chjective for the error performanoce of the
digital network, ie & 25000 km kypothetioal referasee digital path of 64 kbit/s
in terus of the paremmtages of: ;

= error free seoonds (dsts requiresest)

- pinutes having a bit error ratio better than &
threshold valas (the telephony requirement).

Clearly, squimment design objectives for digital lime systems have to be
ocongistent with thess overall network objectives; two important adapiations
are ocongidered neoessary.

Firstly, the equijment design objective for digital line systems is best
axpressed as a "long term mean bit error ratio", HJystem designers invariably
start with an objective for this. Thay then design regmerators eto taking
aooount of the known impairments such as the diminishing of «vs cpmmings,
aoise, arosstalk, lsvel inacouracies sto,

e

A
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Seoondly, there needs to be a margin for the errors due to unimown hasards
outside the comtrol of the designer, of unquantifiable interferenoces from
externsl sources, so that the overall result is acceptable.

4.2 Annex 6 to S. 3/7UITI (Crriipad wersior ol ITT comiraituilos -
¥o 369) suggests that network objectives exprossed as in Fec-rrentii:t
with acosptable soouracy, be alternatively expressed in varicus ommbinstions

of =

- a long ters mean bit error ratio
« & olustering index (ie mean errors per ocluster).

It semms not possible, as yet, to make a firm juigement as to the degres of
olustering which will be exhibited hy digital networks. At the same time,
several contributions have indiosted that it is safe to assume, for
petworks based on cable systems, at least a modest level of clustering.
Por a long term mean error ratio of 5510"5 the peroentage of error free
seconds can be expected to exceed 90K for values of olustering index
greater than 3 and the peroantage of mimutes of error ratio better than
10~5% to axcesd 908 for values of clustering index less than 10.

A loog term mean error ratio of 5.'!(3i6 would seem t0 bDe a reasonable
assmption for the total errors, over 25000 im, to which equiment
design cbjectives might be related. This value is not msoessarily
appropriste for digital gysteas other than those using oable.

4.3 A good proportion of the errors in a 25000 ke 64 bit/s commection
will be the remilts of external interfering factors, protecticn against
which is best provided Iy such measurss as scremmning of the cable and
repestsrs, high lowfrequenay out off in the repesier mplifier, oto.
It is & sstter for future study to establish, withis ths soops of ths
equipment desigm objectives, appropriste standards for smeh aspecis of
digital tranmmission gystem design.

Pending the cutoome of such studies, it is suggested to allow for extermal
interferences &y means of & generous sargin betweem the design objective
specified for the error performancs of s hypothetioal reference digital
path, functioping in ea interference-free mviremnent, and the proportional
alloostion to that path of the natwork performanse 0bjeotive for the

25000 m Rypothetioal reference compactian. As a previsiomal solutionm,
sabject to revision in the light of furthsr results of error seasuremsnt
programmes 8% of the total aoccaptable errors might e appropristed for
such margin.

This leads to & long term mean bit-error ratic of 1.10" as an appropriate
objective for a 25000 km hypothetical refersnoe conmection oomposed, in all
its links, of digital line systems on cable snd opersiing fres of sxtarnal
interfermmoss.

The following table shows how this bit error ratio might be allooated to the
saiz sudivisions of the total Rypothetical referemss commection.

® The value presently proposed in Rec. 5,821 is 1.10".

[
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Allocation of design error rate for a

maximal length hypothetical reference connection

Tt Quntity (08
[ hom
® Yy
~ poaxial cable (land
or coceant) 25000 km 25
= optical. fibre
| Eatiopal 1inks:
= high rate 1500 ks
{750 m each
ond) 33 each end
- primary omire to
sabsorider ¥ot specified
Total 66
§ 1 $
= international K
Boninally serc
= pational 4 sach end
sad Jultiplexing -niu-tL
Total ot

The objeotive ervor performancs for thoss hypothetical referemcs
digital paths of Bec. 0,721 sppropriate for digital line gystee
providing intermatiomal high rats lins links might them bg derived

as followss=

Hypothetioal
Digital line sywiem refarence digital Suggest - Ta "“
path d;-u: objeative
Capaoi Reo | Length | 950 silovwamos
Iff (Ibit/:{ Nedium 7 0. 721 (m) rnr'lnlitsiozlro)
G916 34 368 | Coax. pair | Pig 3 2500 2.5 . 1070
G918 IT | 139 264 | Coax. pair | Pig 4 2500 2.5 . 108

il



Objectives for mystems providing nationsl linke msy be derivs: similarly, taking
into acoount the glcbal allocation and the zonstitution of the rslevant HEIP.

In ordar to specify and evaluate repeatars, multiplexes, and actual or
hypothetiocal cosbtinations of these (as, for exmmple, in a Kypoihstical
refarence cirauit) it is necessary to adopt measures of performance. For

analog equimment, noise power has besn the principal measure emplayed.

In the digital realm, thers has been a tendenqy o use errorratio for this purpose
Ercer ratio is far from an exact analogy to moise ©r, however. For example
nots thst an analog repsater or multiplex typiodﬁwiﬂicti s fairly constdnt
noise powsr, whish is close tc the design valus. A digital repsater or
multiplex, however, typically operstes at sero error ratic, and shen it makes an
earror thess are usually at a much higher rate than whatever design rate say
have besn specified, and are indeed often a result of disturbances not

related to the basic sywtem parmmelers.

Az a omsequenos, error ratio has
several dravbacks as & measurs. 3ame of these are:=

= Systen components almost naver operste near their design error ratios.

= Prrorratio of a multiplex is an almost meaningless oonospt. Exospt
in case of failure, multiplaxes should opersts srror free.

-~ Erroriatio is a vey poor measurs of repsster psrformance. Obssrved
srrors in a properly designed and cpersted repestsr are most likely
a result of electromagnetic or other disturbemces umrelsted to the
repsater,

= The sllcoation of errorratios to the seversl sagmenis of a complete
commection bears litile relstion to situations obesrved in practice.
Tyvically st any time when the errorrstio of a real oomnsotion is

significant, the errorratios on all ssgments exospt ome are negligible.

It is interesting to mote that noise power as a mesasure of performsmoe in
analog gystems shares none of those drawbacks,

48 a oonsequence of these considerstions G.821 sxprs. s the objective for a
hypothetical digital conmection in terms not of error rate, but in

X 4
iﬂm(mlooﬂﬂmlim-)ﬁiﬁhmmhmot;ﬂﬁd
rmbar.

In analog systess, the ssme measure, noise power, used in evaluating
oonnections is also & good messurs of repsater quality and is often used as an
objective.

In digital xystems neither error ratio,nor either of the measures
of G.82) bear mich relation to repsater quality.

Ths measure suggested for this
purpose is margin (expressed in dB) against & 10~T error probability. The
margin that increaes in the daminant interferencs (such as tharmal noise o
creestalk) from its noninal or actual value which produces & 167 er=or
probebility. Thie of courss requires ocsreful Gefinitiom sni scoe conmtrilutions
bave addressed this issue. Ragardless of exact definition, bowever, the crucaal
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point is that the repester is specified and measured undsr oonditions exoluding
any wnoontrolled interference (such as lightning) so that rspester error
statisticas are in fast well represented by Poisson arrivals and so error prob=

ability is complete description of the erwor performance. This is im sharp
contrast with & typiocal repsater installed in the field.

The choioce of 10~ is mot grucial = but is probably quite ressonable for
higher speed systems. 1 might be more appropriste for repeaters in the
1.5=2 Mbit/s range, 0 that measurmment imtervals of the order of a few
seoonds ocan be used.

To illustrate the utility of this measure, consider a 100 Nbit/s ooax repester
with margin of 5 dB against 10~T error probaidlity.

Given a.repeater in the lab or in the fisld, there is no diffioulty in
Bsaswring its perforsance (hy alding noise for exzmmple) as ths added moise
omn readily be adjusted until 10~T (st 100 Mbit/s = 10 errors/second ) is
obtained. (Actually the measuremaent cf error modakility is not oritical,
a8 an arder of magnitude variation corresponds to amly about 0.5 4B of
sargin). The sargin against 10°7 error probability is also s reascmable
oritirion for & desigoer to omsider, and a convemient quamtity to use in
production testing.

It aight be thought that the repester could be specified Yy its cpci.uqe
error probebility (with no additiomal noiss) = but this would be about 10™'0,
80 low as to be ompletely ummeasuradle.

is a tentative dasign objective, & o sargin of the onder of 5 4B
aguinst 1,10%T to 10 4B against 1,100 aight indeed be ressomable for

ors above 3 Nbit/s. Ia the 1=3 Mbit/s range, this oould be against
1 scTor probability.

These valuss are probably not grossly unreasomabls btat they are not directly
obtained from the network perfommmcs objectives. The relatimship should
be the subjeoct of further study.

Cormissioning obtjectives

841 Checrs of system errcr nerformance

Both the approaches abovs relate {0 parformmnoe im am interfersnce~fres
smviromment. It follows that when the parformance of sm installed mystes

is seatured with a view ¢ checking whether & desiga chjective is ast
precmations are neossemy to idemiify errcrs attrilmtable to the mviromment.

This is nsoessarily less than an exact procedurs, amd primary reiissos should
be placel on verifiostion that the camponents scet Vheir design objectives.

Peariods during whioch errors coour sismltaneously with cheerved potamtial
interferences should clearly be discounted.

Considerstion of the distridution of seasured «rvors may justify the discounting
of isolated bursts, even whem it has not beem possible yositively to idemtify
CELSO.

n it ! (A1
vnmﬁi"‘ T"[ hl P




Equipment design objectives are applicable only to xystems in good working crder.
1t follows that arrors caused Yy faults bave to be disoourted; however, the overail
inoidence of imterruptions dus to faults is mroperly subject to reocmmendations

ocomoerned with equipment relisbility.

Soms errors may result from omponents failing intermittently or undergoing
with respsct to their operating characteristios. Such might
Justifisbly be attributed to equipment design ratier thsn relisdility failurs.

A satisfaotory text om oommissioning objectives for errcr performance taking
all these aspects into sooount, mbodnﬁdoalydtr&rtharsmud

aperisnce.

Annex 6

(to Question G/XVIII)

Error performance ctjectives for integrated services digitel networks (ISLN}
[{Cantribution by the International Telephone and Telegraph Corporation)

1. Introdyction

The digital connections set up by an intsgrated services
digital natwork, normally of 64 kbit/s, mmmh
used for differsnt purposes, spesch, data, facsimils, etc.
These usages Aiffer ia their muuuummum
into consactions by the network, both as regards ths aumbers of
errors and their distribution. Por this ressoR the eIror
mgnm:_nuo!thmbomtammn
terms of msan error ratios and intsgrating periods which are
particular to sach usage. For data the Sbjective is sxpressed
in erzor-free seconds; &:umybymo!mnmm
better than a threahold error ratio. Other eavisaged ISDM
usages, facsimile, picture phons, etc. msy require the formula~
tion of requirsments sxpressed in yst other ways.

T™he 64 kbit/s oconnections of the ISDNM should, of courews, hawe
s error performance which is at once acceptabls for xll ISDE
ssrvices. To this end it is dssirable that the ssparataly
axpressad cbjectives be compatible in that they coaform to a
sisgle required quality of transmission.

The objective of this contribution is to present & mmans of
dafining error parformancs which at ocacs

- takes accoumt of the ways errors are distiibuted
in practics

= is coavenisntly convertible into forms which
are meaningful for differmmt ISDN usages

« provides & basis of cosparison of ths lswels of
digital transmission quslity isplied by uwSage-
oriented psrformance cbjectives.
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= 2. Assumptions relevant to error distribution

Early studies of digital network error performance generally
assumed a constant bit error probability, its valus being
approximated by the long term msan error ratio, a readily
measurable quantity. The mathematics of the resultant error
distributions was available - the Poisson distribution.

The percentages of integrating periods, seconds, minutass,
S-minutes or whatever, during which specifiad error ratios,
choices exsrcised according to the particular ISDN service being
considerad, might be sxceeded were calculable from the

long term msan érror ratio.

In the event measurerents of realized error performance have
dsmonstrated that errors, in practice, occur in clusters, so
invalidating the assumption of a constant bit error probability
and derivaticns based on Poisscn theory.

We suggest that the following alternative basic assumptions
accurd reascnably well with the actual bshaviour of real networks,

8o far as they have been observed ;

~ The probability per bit that an erxor clustar will
- bagin is constant and is approximatsd by the long
— term mean ratio of cluster rate to bit rats

= « The numbars of errors in clusters thamsclves follow
— a Poisson distribution.

The mathematics of such error distributions, although rather more

’ complex than the simple Poisson distribution, is already available
= and promises to satisfy the objectives put forward in the
introduction abowe.

ok

3. Meyman's Type A Contagious pistribution (ses ref.)

= - Such a distribution, derived from the forsgoimgy stated assumptions,
: is 4dafined by two paramsters:

= the cluster-bit ratio (m}) expressed as the msan
pumber of clusters per stated sample size of
transaitted bits

o the mean number of errors per cluster (m3).

The probability of encountering exactly “r” errors in a sample
is given by:

m ’
P =m0 ™ %1%0 ¢ _'_‘}
H

ri
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The special case of the probability of a sample containing no
srrors is given by:

Po = 8p { -m, {1 ~.'mﬁ.l

14

The maan of the distribution is mj.m2; this is equal to-n.p,
whers n is the number of bits in the chosen sample, 64 kbits
possibly, and p ths long-term mean error ratio.

iy

The variance of the distribution is mim2(l + m2).

M

It is to be noted that as my - O so do the mean and the variance
of the distribution approach equality, the charactsristic of
the siople Polisson distribution.

Also noteworthy is the fact that clusters ara charactesrized
only by the numbsrs of errors they containg

‘ ' :w l"hr

For 64 kbit/s_transmission, long term mean error ratios of 1075,
5.10°6, 3.10°6 and 1.10°°% and mean valuss of errors per cluster
= of from 1-1000 we have calculated the forscast percentages,
according to the foregoing mathematics, of:

« arror fres seconds (Figqg.l)

- minutes during which the error ratio is better
than 1072 (Fig.2)

-~ minutas during which the error ratio is better than
106 (rig. 3).

I
"

The ranges of values taken into account are those appropriate

to be considared in relation to performance cbjectives for a
25,000 km hypothstical reference digital connection, the subject
of . Rac. G.B21 (Error performance on an international
digital connection).

T
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Figure 1 - The variation with degree ol clustering of the percentage of seconds
of 64 kbit/s transmission which are error—free for different values
of long term mean error ratio (p)
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Figure 3 - The variation with degree of clustering of the percentage of minutes
= of 6k kbit/s transmission having an error ratio less than 10~° for
— different values of long term mean error ratio (p)

i L, Error performance obisctive for data

Figure 1 confirms the frequently observed effect of error cluster-
ing that performance expressed in terms of error free seconds is
significantly better than would be expected from a measured long

= term mean error ratio and an assumed Poisson distribution of
errors.

The particular long term mean error ratio which would satisfy a
95% error free seconds ocbjective depends on_the degree of
clustering. A long term error ratio of 10" would suffice given
a degree of clustering as high as is representsd by an errors

= per cluster value of 12.5.

Otherwise, tne necessity of a superior long term mean error rate
is indicated.

. 5. Error performance objective for telephony

Figure 2 demonstrates an effect of error clustering which seems
not to have been so well anticipated as that referred to in 3.
above but is quite sxplicable, nevertheless. 1If the significant
integrating duration is one-minute and the acceptability criterion
is an error ratio, over the minute, of 10~5, error clusteriny up
to a rmean value of errors per cluster of about 50 actually

reduces the percentage of acceptable minutes for a given long

term mean error ratio. For values of mean errors per cluster

greater than S50 the percentage of acceptable minutes increases
progressively.

Lol W

The same effect (s not 30 evident for a one-minuts threshold of
error ratio 10~6 (see Fig. 3). The maximum acceptable number of
= errors per minuts in this case is only three so the curves have
shapas rather similar to those for error free seconds (Fig. 1l).

W % g, o

(22)
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5. Need for field measurements of error ratios and distributiol:

A major difficulty associated with the formulation, at the present
time, of error performance objectives for the ISDN is the scarcity
of mesasuraments of the error performance of working systems.

Such data are sssential if the ocbjectives set are to be realistic.

puring the 1977-80 study pesriod to date the only msasurements
contributed to Study Group XVIII, to our knowledge, wers those

by Prance (COM XVIII - 'Nos. 28 and 278) and Switzerland (COM XVIII
= No. 208); thess ware necessarily limited in scope to relatively
short distance tranamission systems but, even so, have been
extremaly useful. It is desirable that the reply to Q. 1/XVIII
for 1977-80 and ths texts of new questions ss«t for 1981-84
smphasize the importancs of new information derived from field
maasuramsnts.

This contribution confirms the need to msasure data which are
indicative .of the distribution, or clustering, of errors as well
as the overall ratio Of errors to bits transmitted. This might
be dons in various ways.

The Swiss contribution COM XVIII-No. 208 analyses the total
duration of a 2048 kbit/s transmission intc the elemental periods,
saconds or minutes, containing different numbers of errors.
including zerc. The transmaission rate and the length and type

of connection have to be stated, of courss. The French
contribution COM XVIII-No. 278 describes a rather similar programms
of msasuresants performed on 140 Mbit/s systams. Both paramsters
B) and m7 can be determined from the data produced by such
asasuUTements.

Altsmatively,. the parameter =; may bs measured directly by a
counting of the total bits in srror and of the number of clustsrs,
i.e. the nusber of errors which are ths first arrors of new
clusters. A cluster is characterizad by the largs numbers of
correctly transmitted bits which separats it from adjacent
clustars compared with the numbers which separats the bit errors
within itself.

7. Sumsary and Conclusions

The study of ISDM performanca cbjectives, s.g9. with referencs
to a hypothetical 23000 km 64 kxbit/s connection, is substantially
simplified by two basic assumptions:

= that srror clustars {(as diszinct from ths errors
themsslves} are randomly distributed,

= chat the numbers of errors per cluster are also
randomly distributed.

Exrror performance abjectives expresssed in terms of different
arror ratio thresholds and integrating periods, meaningful for
different ISDK sarvices, are then comparable on the basis of
two paramstars, the long~term mesan srror ratic and the sean
number of errors par cluster. The recoomending of inconsistant
objectives for different ssarvices can in this way bs avoided.

The two mentionsd paramsters do, in themselves, provide a
sufficient msthod of spacifying an ISDN performancs objective;

{22)
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furthesrmore, an objective expressed in this way is readily
apportioned, as appropriate, to diffe.ent parts of the reference
connection,

G The importance of more field measurements of error performance
4 is exphasized; suggestions are made as to how thess may most.
effactively provide information on error distributions as they
occur in reality.
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Annex 7

(to Question 9/XVIII)

Relation between error measures

{Contribution by American Telephone and Telegraph Company)

= 1. A proposed draft recommendation suggests two error perfomance objectives,
both of which are to be met concurrently. These are:

- More than 90 percent of minutes to have better than 1-10'6 errcr ratio.
- More than 92 percent of seconds to be error free {for 64 Kb/s connections).

1t is natural to inquire as to the relation between these requirements. This relation may be
investigated by making some assumptions regarding the error statistics. Alternatively, the limits
on one measure guaranteed by the other regardless of the statistics may be cslculated, and this
calculation is carried out below. It is found that a connection providing exactly 90 percent
minutes at better than 1-10-6 error ratio will provide from 85.5 to 99.8 percent error-free-
seconds at 64 Kb/s, and that a connection providing 92 percent error-free-seconds at 64 Kb/s will
provide from 0 to 97 percent minutes better than 1-10-6.

2. If se have 90 percent minutes better than 1-10'6, then for 90 percent of the
minutes there must be less than (10-6) (64) {103) (60) = 3.8 errors. Therefore, there can be

from 0 to 3 errored seconds in the 90 percent interval. In each minute of the 10 percent (at

the 1imit) o minutes worse than 10-6 there must be at least four errors, which could all occur in
one second, or there could be 60 errored seconds in each such minute. Therefore, the percent
error seconds corresponding to the 90 percent minutes criteria ranges from

(0) 90z + (1/60)102 = 0.17% to
(3760} 90z + (60/60) 10z = 14.5%

3. If we have 92 percent error free seconds, tne B percent errored seconds could
each have one or more errors. Since any second with &4 or more errors causes the minute in which
it appears to be worse than the 10-6 threshold, and 8 percent of 60 seconds is 4.8 seconds, there
may be no minutes better than 1-10-6. On the other hand, if three errored seconds occur ir each
minute for 31 minutes, and then one minute with 60 errored seconds occurs we have still

pproximateI{) 8 gercent errored seconds, but now (approximately) 97 percent minutes which are
etter than 1-10-%.
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Annex 8

(to Question 9/XVIII)

Effect of digital signal processing devices on the
transmission performance of internationsl digital connections

(Contribution by Bell-Northern Research/CTCA)

- Introduction

It has deen knowm for lou.:hc that ao internationsal digital commectios
batween countries usiog A-lav and Mu=lev PCM coding will require digital codse
comversion if as excessive amount of distortiom is to be svoided. A suitable cods
= couversion bss bees recommsnded (Recommesdation C.711) and the performssce of as

ideal commectios involving ss A/M, Mu/A-law cosversion has been published (CCITT
Gress Jook-Vol. IIXI-3 P. 844 Pigure 4).

Neverthelass, a practical internscionsl comnection msy costsis sdditiomal
sigual processing devices vhich csa causes further distortion. There will also be &
further degradation dus to random bit errors.

Usisg computer sodsls, calculstions have thersfors bees msde of ths overall
sigual to distortion ratio (for & gaussisa iaoput sigasl) of variows peactical
comsections. Thase ceanections iaclude A/Mu-lav comversioas asd other digital sigaal
procsssing devices such ss 2 6 dB digital pad and & iypical bit redectics schems.

Tha sffect of raadom it errors has also been investigsted. The sodals sssuss ideal

: ;:1‘ Mu~lav sagmented coding laws end coaversion rules sccording te Recommesdarios

= Calculations of the signai to distortion ratic of A and Mu~-law encoding
with each of the-digital signal processing devices alone are given in Figures la and
1b. Rotice that & 6 dB pad has been used in these calculations. Other pad values

= would give somevhat different values of signal to distortion ratio for A or Mu-law.

In this and subsequent figures the dashed line represents the template for
the allovable signal to distortion ratio of a single codec from Recommendation G.712
{gaussian signal input),

= 2. Calculation Rasults

(1) Ous very isportant practical connection involves an A/Mu-lav cooversion vhers
= the transmission loss is achieved by means of s 6 dB digital psd insarted
: prior to the receive codec. This connection is shown in Figure 2a. Signal
to distortion ratios for Mu to A and A to Mu directions

= of traasmission for chis configuration are shown in Pigures 3a and 3b, with

= and vithout & & dB digital pad and a random bit error ratio of 10° . It is

claar that the degradation introduced by ths random bit errors is the dominsnt -
festurs. In comparison with Figures 4a and &b, vhich show the effect of

random bit errors without any pad or A/Mu law conversion, it can be seen that

the cousection of Pigure 22 would have the ssme signal to distortion ratic as

a zandom BER of betwean 10 and 10 . This level of signal to distortion B
ratio can result in perceived degradation (CCIR Doc. L/7S; 16Th-197¢),

particularly for low level signals.

* To facilitate the preparation of this text the symbol Mu was used in place of

Greek letter u throughout the text.

{22}
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(14} The configuration analysed above can be extended to inmclude the effect of

axtra sigoal processing which sight occur due to for example, digital speech
ipterpolation systems. Wwhen such a systeo is in overload one technique to sske more
chagnels instantaneously svailsble i{s to reduce the nuaber of bits/sample to
7. This is salso known as trans-coding. Although this bit reduction occurs
dynsmically depending on the {nstantaneous talker activity, s worst case is to
assume continucus bit reduction to 7 bits. A coonection cousisting,
therefore, of & Mu/A-lav conversion, 6dB digital pad, 7 bit tranmscoding and »
randos BER of 10°° has been anslysed. This connection is shown in Figure 2b.
The signal to distortion ratio for either direction of transmission of this
compection is also shown in Figures 3a and 3b. The additional 7-bit
tzanscoding causes some reduction in the signal to distortion ratio for high
level signals. Howaver, in this level range the signsl to distortion ratio is
still sufficiently high thet the subjective effect would be unnoticesbls.

Osce agein, the subjective effect would be on lov level signals.

3. Susmary god Canclusions

Saveral computer models of practical ioternationsl digital commections
involving A/Mu lav coaversions, digital pads and bit reduction schemss have been
analysed. Calculsticns have shown that ths sdditioo of digital sigsal processing
devices result iz s dacrease of signal to distortion ratio. For commectioms with a
bit error racic of 10°° this decreass is sufficient to csuse & moticeable chasgs in
the perceivad degradation, particularly st low signal levels. It is therefore
suggested that the effect of digital processing devices should be taksm into
considiration when allocating impairment ic an interrscional digital commectios.

A s B
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QUESTION 10/XVIZI - Availability for the ISDHN
(continuation of Question 5/XVIII, studied in 1977-1980)

1. What availability parameters should be detined for the ISDN, and what values
should be recommended for each parameter ?

In particular, values of parameters should be defined on an overall basis
(customer to customer) and apportioned as appropriate to nodes and links in the network
for different aspects of each service (see Annex).

2. What methods should be used to measure the availability ?

3. Which hypothetical reference models should be coordinated with the studies
on determination ?

Note 1 : Studies of this Question should be based on the results of those carried
under Question ©/XVIII and in close cooperation with the appropriate Study Groups.

Note 2 : Replies to this Question will be transmitted to Study Group CMBD as
contribution to Question 2/CMBD by the Rapporteur for availability.

Note 3 : Meeting these aims requires careful study of, an n* “_ed approach to, all
aspects of service availability such that particular parameters are not considered
in isolation.

Annex
to Question 10/XVIII)

Reply to Question 5/XVIII {(Reliability and availability of digital networks),
Study Period 1977-1980

General aspects

The availability and reliability performance ovbjectives are highly
dependent on the definitions of failures in & network. These are different for
differsnt servicas and one failure also has different effects on the functions
of different services. Since the various svailability requiresents depending
on different services, leads to different costs in the network, it is necessary
to start with st least one objective for each service and then try to combine
them in such a vay that the mumber of objectivas will be reduaed.

As a basis for further studies at least the following four levels of
performance will be used :

1) Normal service

2) Degraded for data

3) Interruption for non tslaphony
y) Total interruption.

These levels as well a5 the objectives have to bte defined with a
number of suitable parameters and the study of which parameters can be used
is a task for the next study period.

\
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A Ant A

The service avsilability otjestive will be established tTaznins int
consideration the quality of service cffered to the subscriber and that which
can be achieved by the Administrations. The Administrations will be sbles to allocate
their maintenance personnel and procedures and the provisiocaing of siamd by
equipment and alternative circuits in a manner most sppropriate to themselves
but at the same time achieving the performance objectives.

fall 2

saleulating failure occursnces and the probability for a failure in the
network wikes it nscessary to use statistical msthods. This should be taken into
sccount whan evaluating or ssasuring failurss in s nstwork.

frox the above is understood that specifying all failures and failure
offects in a ‘complete network with a number of different services is a rether
complicated task. This makes it necessary to use simplified models, such aa
hypothstical reference circuits and the work with those must contime with high
priority during the next stadyperiod. One first model has been developed during
*he study period (see Figure 1).

When an overall availability performance objective has besn formulated,
the next very important problem is hov to allocate valuss (requiremants) to the
vitious parts of a network. This is an econowic problam of high importanse and
possible optixization sethods must be dealt with as soon as possivls.

Conclusions and future vwork

a) The principle 1o divide the network into two tasic parts, (1) subscriber
sub-system, (2) iinking sub-system has been provisionally adopted as the basis for
further studies. It was also agreed that the linking sub-syster portion should
receive initially the greatest emphasis. This principle is described in more
detail in Appendix.

b) A simplified calculation model should be used. Figure 1 is
such a model and represents a part of a switched connection in an inte-
grated digital network. This model does not include altsrnate routing
or rercuting., Sufficient redundancy may ba included to achieve the
desired level of availability. considering also maintairzbili:y.

¢) This model could later be expanded to include 2 or more routes
between the two awitching centres and the achievable availability under
these conditions may be determined, It may be desirable %o indicate such
objectives in both of the follewing manners : (1) at any iostaat of tima
x per ceat of the paths shall bo available, and (2) any particular path
should be available y per cent of the timse.

Db g

Additional refinements to the model may also be achieved by
including alternate routing thraugh other switching centres and network
manag-nent principles. These refinements may indicate that a dagired
availability objective may be achieved for the linkipg sub-systes with
lower values of availability objectives fqr individual parts of that
system than originally indicated by the study of the basic model propoe.d
in (b). In all cases, it has been assumed that sufficient paths have
been providsd using traffic engineering principles to obtain a apecified
grade of service,

£
=

i g,

The interdependency of traffic engin- sring and path availability
objectives must finally be determined.

d} Availability objectives for the subscriber sub~systez would be
stvdied in the future or left to &he responsibility of each national
network Adainistration.
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e) The definitions of faults and the effect of a fault is fundamen al
for the availability and reliability of a network. Definitions such as
error characterizations and data (values) are needed. During this study period
the following values have been stated :

- An error ratio in excess of 1.10-? is generally regarded as teing a
criterion for unavailability.

- On a 64 kbit/s path this may more conveniently be expressed as an error
count of more than 64 errors per second, persisting for x secunds.

- As a time criterion for unavailability l...2 seconds have been mentioned
initially for digital service, as this is the time after which digital multiplexes
equipments become normally unavailable when detecting an exc sible error rate.

A value of 10 seconds for telephony, as proposed by Study G A. has been
considered. The exact value should be decided in cooperatic » relevant
Study Groups ‘(such as Study Group XI and CCIR Study Groups).

f) The description of the availability concept and other definiZions being
studied by Joint Study Group CMBD will be used as the basis of availability work
in Study Group XVIII.

g) Different levels of performance have to be taken into account in an
ISDN. Together with the probability for a subseriber to notice the different
levels this is essential for the future studies. More information and some proposed
values are given in Annex 5 of Question 9/XVIII.
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Appendix
(to Annex to Question 10/XVIII)

Availability of digital transmission systems

(contrihution by the Italian Administration)

1. Introduction

With r=ference to Question 5/XVIII in this contributioh, the Italian

Administration presents some general considerations in order to define, evaiuate and
express the availability of digital transmission systems.

2. Networks and transmission systems

- An analogue or digital telecommunication network can be subdivided into two
= basic sub-systems :

& - 1) subscriber sub-system - that includes all the parts being assigned to
subscribers and allowing the access to the network (telephcne set, individual
line connecting the subscriber with the local exchange, local exchanges);

2) linking sub-system — that includes the plants and the facilities in common
= among all the users which are assigned on demand by a frequency division
= (analogue transmission), space division (space division switching), or time
division (digital transmission and switching).

Aiming to a study concerning the interconnection and the interworking of
systems belonging to different Administrations, it is mainly important the linking
sub-system which here means Integrated Digital Network (IDN) and Integrated Service
: Digital Network (ISDN).

Such a network includes :

a) nodes - where switching, signalling, multiplexing and A/D conversion are
carried out;

= b) branches - links connecting the nodes in different ways.

As a first approach to the problem, the study of the transmission systems
on the reliability point of view could be carried out : they actually correspend to
the branches and partially to the nodes (the exchanges are excluded).
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. In fact, the trensmission systems are defined as the whole of the
= transmission facilities that fulfil pi-directional paths suitable for sransmitting

useful telecommunication signels between two terminals.

The transmission system is generally subdivided into two systems :

a) multiplex sub-system - that fulfils the A/D conversion of the signal and the
multiplexing at different hierarchical levels;

e T

b) line sub-system — that fulfils the bi-directional transmission over physical
lines (cables, guides, fibres), including them as well 8s the regenerators.

Because of the complexity of the telecommunication networks and the variety
of the transmission systems, some peculiar characteristics of them, useful for
determining a reference model, should be chosen.

i

3. Availability of networks and systems

Considering the telecommunication network, it is important to take into
account the operating and service point of view, therefore, the availability concept
seems more interesting than the reliability aspect when applying to the networks.

The availability, in a large sense, includes the aspects of the reliebility
and the maintenance concerning the maintainability of the systems as well as the
logistic support of maintenance (Figure 1).

AVAILABILITY
RELIABILITY MAINTAINABILITY LOGISTIC SUPPORT
e.g. e.g. e.g-
MTBF MTTR ALT

MTRF - MEAN TIME BETWEEN FAILURES (REPAIRED SYSTEMS)
MITR ~ MEAN TIME TO REPAIR
ALT ~ AVERAGE LOGISTIC TIME

Figure 1
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So, it appears as a combined concept where the system and the service aspects
are included. But no availability objective has been recommended by CCITT as concerns
the network : only recently CCIR has fixed an objective concerning the radio-relay
systems,

This objective can be far from the value relating to the networks, because
in same cases very high availability values, valid for the networks, could be met using
re-routing techniques of large assemblies of circuits instead of systems having high
intrinsic availability.

Really, a complete study concerning the availability of the networks should
also include the traffic aspects and should take into account the dynamic management

criteria (e.g. re-routing techniques).

L, Availability of paths

The complexity and the modern management of the networks, based on the
dynamic operating, also suggests to consider the availability of paths instead of the
availability of systems.

So, in addition to the maintenance aspects (in a large sense) covered by the
availability concept, it is possible to take into account the structure of the network,
i.e. the network redundancies, the distribution of circuits between different
transmission systems, the influence of sub-systems outside the transmission system under
consideration but indispensable to its operation (e.g. no-break power facilities),
and the manual or automatic re-routing.

In fact, it should be noted that an interruption, due to failures or
maintenance operations concerning an individual circuit or a circuit assembly, may not
mean & consequent interruption of traffic if suitable re-routings have been carried
out according to agreed procedures corresponding to network planning criteria.

As a first gpproach to the study of Question 5/XVIII, the traffic and dynamic
management aspects have not been taken into account and a simplified model could be
developed on the basis of this assumption.

5. Conclusions

In this contribution, attention is drawn on the complexity of the study
relating to Question 5/¥VIII, As a first approach, the strong assumption of negliging
the traffic concept is proposed in order to develop a reference model suitable to
define and evaluate the availability of paths, taking into account reliability as well
as the maintenance aspects.

=

*} Recommendation lNo. 537 {Veolume IX, Xyoto, 1978).
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a) What essentisl common criteria should ie established for &ll types of
digital line sections and digital radi® sections ?

Note 1 : Consideration should be given to the newd for digital line sections and digital
radio sections to be interchangeable and intercomnectable. However significant
differences may exist between performance characteristics for systems using different
media.

Note 2 : Coordination with CCIR Study Groups 4 and 9 must be undertaken to establish the

common criteria.

b) In which way should the existing Recommendations of the G.9xy series be
amended and completed, insofar as they relate to digital sections ?

¢) What new Recommendations should be established regarding digital sections
(e.g. using non-hierarchical bit rates) ?

d) What are the principles which should form the basis for the detailed study
of the local network digital line transmission systems and multiplexers for connecting
digital terminals to the ISDN ? (To include combinetion of analogue and digital
terminals and PABXs).

For each individual type of digital line section, the following specific
points require study :

- bit rate;

- special properties (such as bit segquence independence, or restrictions of
the bit sequence that may be transmitted);

- characteristics of interfaces (normelly these should be in accordance with
Recommendation G.703);

- error performancs (expected to comply with Recommendation G.8§21 which
specifies the overall network performance);

- Jitter performance (input and output jitter as well as jitter transfer
function; Recommendation G.703 should be observed);

- other performance parameters;

- availability;

- feult conditions and consequent actions.
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{to Question 11/7VIII

Criteria for the fault condition "error ra-ig 3,107
in digital line secticns at 2048 xbit/s

L)

(Contribution from Federal Republic of Germany }

1 Introduction

The fault condition "Error ratio 1.1073" in digital line
sections at 2048 kbit/s corresponds to the fault condition
"Bxcessive error rate"” in 2048 kbit/s primary multiplex
equipment, which is specified in detail in Rec. G. 732.

Vith respect to the important corsequent actions (prompt
maintenance alarm, emission of AIS), it is necessary to define
. & sinilar detailed specification for the fault condition
SEyror ratio 1,10-3"-in line sections at 2048 kbit/s.

The fault condition “Error ratio 1.10-5" is less important
since it only implies a deferred maintenance alarm. Its detailed

specification can therefore te left to the national Administra-
tions,

2 |Modificmtions with respect to Rec. G.
Error detecting methed

In prirary aultiplex equipmont, crrors are detscted in the
frame alignment signal; in digital line sections,srrors are
detected by code rule violations. The relstion batween vio-
lation rate and bit error rate depends on ths line code,

the choice of code rule violations to be detected by the error
detector, and on the binary signal pattern.

In actual operation,the statistical properties of the binary
signal pattern may be’ described by two limiting cases. I2

all channels are busy,the binary signsl approaches a random
pattern; 42 all channels arc idle,the binary signal approaches
& 1010...pattern; if only part of the channels is idle, the
statistical properties of the binary signal ars somewhers bo-
twten these limiting cases.

T R TR T
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2icgtien of faultl condivicn, It is e
: a11on should b2 met. It s

X - . -
crding t¢ Recormmendat:ion 2.

Measuring time_for_activating the indication of fault condition

The code violation frequency is in any case by at least one order
of magnitude higher than the frequency of errors in the frame
alignmant asigrnal. Therefore, the measuring time for activating
the indication of fault condition can be reduced to a few tsnths
of a second as compared to the “few seconds"” in G.732.

Ingensitivity to_error_bursts
The error rate detector in a line section should have the same
insensitivity to error bursts as the error rate detector and the
loss of frame alignment detector of primary multiplex squipment.
In primary multiplex equipment, an error burst of up to four frame
lengths ( $ 0,5 ms) does not activate any indication of fault
candition since only two errors in the frame alignsent signal

&re dotected.

Criteria_for deactivating the indication of fault gondition

The definition of the criteria for deactivating the indication

of fault condition must. take into account the argument concerning
the mutual dependence bstween error rate, service alarm and binary
aignal pattern, which is indicated in Doc. XVIII-No.217,Appendix &
to Annex 1. When the fault condition "Error ratio 1.1073" is de-
tected in s digital line section, the digital path is taken out
of service and the binary digital signal pattern is changed into

the idle pattern (..10101...) of the multiplex equipment. As s
consequence of this change oI pattern the error rate may decrease

considerably 2nd the indication of fault condition "Error ratio 1.10-3

in the dizital line section zmay be deactivated, unless
the threshold for deactivation is sufficiently low. In accor-
dance with the above-mentioned document,it is proposed to deacti-

vate the indication of fault condition not before th? ITToT

rate hes fallen belcw 1.1075.
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3. oposed formulation of G.912,Section I.4.1.

I.4.1.3 Error ratio 1.10-3 detected by code rule violations.

1.4.1.3.1 Criteria for activating the indication of fault
condition:

« Error ratio £ 1.10~4
The probability of activating the indication of fault

condition in a few tenths of s second should be less than

1076, :

- Error rstio 21.10-3 ' _
The probability of activating the indication of fault
condition in a few tenths of a second should be higher
than 0.95. ’

The indication of fault condition .should not be activated
by an error burst $ 0,5 ms.

1.4.1.3.2, Criteria for deactivating the indication of
fault condition:

~ Brror ratio > 1.10

The probability of deactivating the indication of fault
condition in a few seconds should be almost O.

- Error ratio > 1.297
The probability of deactivating the indication of fault
condition in a few seconds should be less than 0.05.

- Error ratio < 1.107
The probability of deactivating the indication of fault
condition in & few seconds should be higher than 0.95.

Note: The criteria are valid for s 2’5-1 pseudo-random pattern

according to Rec. 0.151.
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= a) that work carried out iz the dafinition stege of the msimtessace
philosophy during the Study Period (1977-1980) hes iacluded s

smmber cf the {mplensntstios sspacts of the philosophy (Receumen-
dation G704); ¢

i b) thst & wall defiaed saintsmsnce philosophy will dsternisse the -
= dizrection of futute meisteasacs studiss;

= c) that Recommsndation G704 is imcomplets (a.g. mo digital switchisg
= aad sigmalliag comsiderstioms);

= 4) that certain eperatismal aspscts of astwork asd traffic astage-
St msy inflessce msistensace philosophy;

8) that isplessmtatios of the philosophy is complax and squirss
SOpaTSits trestmeat; - i

¥hat is the overall maintenance philosophy for digital networks ?

The following specific noints require study :

1. What additional principles are needed to ensure that the maintenance
philosophy encompasses all elements of the network ?

2. To what degree is network surveillance required to identify status and
quality of connections and network elements 7

3. What is the effect of &iffering service requirements on network maintenance
philosophy ?

Annex

i

{to Questior 12/XVIII)

Test seguence to measure the bit error rate on 6L kbit/s channels

1. Introduction

The transmission of digital information st s rate of 6k kbit/s is possible vis
digital PCM transmisgion systems as well as via {snslogue) carrier frequency systess.

The interface for the digital 6% kbit/s signal is specified in .
Recommendations G.703 and G.732. In Pigure L/G.702 the 6k kbit/s digital path is
illustrated. The hypotnetical reference circuit is described in Recommendstion G.T21.

The modem according to Recommendation V.36 allovs the transmission of & 6k xbit/s
signal in a primery group in the frequency band §0 to 108 kNt vis the anslogue cerrier
frequency transmission systes.

For bit error rate measurements on the sbove channels and their combinatiocns the
specification of & standard test sequence is urgently required.



T
|

2.  Proposal

It is Froposed, to specify s pseudo-random pattern s & test scquence vhich bas
a pattern lesgth of 2 -1 = 20k7 bdits. This test sequence can be produced hy means of
an ll-stage shift register with feedback from the cutputs of the 9th and 11th stasge of
the first stage vis an exclusive OR gate. -

It should be noted that this test sequence contains a saximum of 10 consecutive
"0" bits. Therefore in the case of international testing vhere the messurement includes
systems based oo 15LkL kbit/s it is necessary to modify the test sequence in such a way
to avoid sore than 7 cocsecutive "0" bits. The specific detsils of implementing this
spproach is left to Study Group IV.

Tvo essentisl conditions are set by the proposed test sequence :

a} The test sequence is a maximum run length pseudo random sequence, {which
means that its generating polynomial is prime and primitive), and if the number of
stages of the shift registers in the scrambler is lecs than that of the test sequence
generator, then the scrambler and the test-sequence generator cannot have a cormon
factor. In such case there wiil be no restrictions with respect to possible scrambler
configuration.

b) The period of the test pattern does nct exceed the Time still cenvenient
practical measurcments. On the other hand, the test sequence is sufficientl long
closely simulate the random s:gnal being present in practice.

In addition to the randcm pattern capabiliiy described above, this test
equipment should provide for fixed patterns. The definiticn of these patterns is under

study.

Since the proposed test sequence can also be used at bit rates of
k8 kbit/s to T2 kbit/s, it snould be considered whether in view of the advantages
mentioned above, it would be advisable tc replace the test sequence described in
Recommendation V.57 by the pattern of 2111 pit iength. 1In any case, this patters
should be menticned in V.S5T as & possible alternative.

It sgmuld be noted that Study Group XVII has followed the proposed tes:
pattern of 2t length.

SUESTIOY IZ/YVIIT - Trmwi 3 =z [N Y "
QUESTIOH 13/%viic Izplezentation of maintenance philossoh

{continution of part of Question 4/XVIII, studied in 1977-1980)

1. Considering

a) that parssetsrs indicating network performance have only been defined
in & praliminaTy saaner, sors work vill he required to sxamine cheir
limits for sstwork sainteansncs purposas;

b) that maintanssce techniques and procedures will be required for sll
slensats of ths digital ascvork;

¢) that setwork and systam testing procsdures should bs recommended to
ensble the provisioming of testing and diagnostic capsbilities in
systems sod equipmenc;

4) chat there is & need to provide coordinsted, unsabiguous alarss and
indications to efficiently isolate failed nstwork components and
Testore sarvics;

(22)
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s) chat the concept of maintenance entiries sod sub—snricies nesds tc ke -
further defined;

£) chat it {s nscessary to ensure a common interpratationo of ths mssintenancs
philosophy by all Study Groups that are coocernsd with the evolution
of the network;

g) that thers is a nesd to inform other Study Groups of ths msintenance
isplemsntatics strategies that have besn spplied to specific squipsent
Recoasendat ious}

i

- 1.1 Sow should the Meimtemance Philosophy be ixplemen:zed in digitsl nsrworks
and coordimsted with the work of other Study Groups!?

The followic; specific points require study:

= i) What sre the saintenance parsseters, their limits, seasursment sethods
= and their ralatiooship to network performsacs?

Wy

11} Bow to emsurs performance compatibility for thresholds sad operats
timss gmosg service alsamms, maintensnce slares snd protectios switching?

1i4) What considerations should govern the location and design of msssuring
equipment to facilitate overall cetwork maintenance and cperstion?

e

iv} What specific petwork surveillance capability shouid be meds available
for nstwork operstion and sanagement?

v) What further considerations should be gives ro ths implementsation of
the principles of saintensnce antities acd/or sub-entiriss?

¥oté 1: Recommendations for measuring equipments not included in the
digital equipment will be made by Study Group IV, takisg into
Qn:ﬁu:t the results schieved by Study Group YVIII under this

tion.

Bote 2: At some future date such of the detailed work under this
Queation should be undertasken by other Study Groups (e.g. IV,
VII, XI) although this mey not be appropriate at the present tiss.

I
Lt}

N

What measures are required and what recormendations have %o b =ads to E
tal sysiexms based on different stsndgrds 7 E
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The folloving specifiz points require study :

a) - Conversion between different encoding 1 :
{as specified in Recommendation G.711} ¢ into sooount the Do
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Note 2 : In undertaking this study, there are many letailed ques
addressed {see Annex 1). The results of thi <tudies undertasern in ine
study pericd should be considered (see Annexe. 2 and 3). Cliose cogperation is
required with CCIR Study Group & (see Aunex 1) and witn O0ITT Study 5r
XV and XVII (see Annexes 2 and 4.
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Annex

{to Question 1L/XVIII)

Detailed Questions for further study

The following list of questions includes thore raised in the 1977-1580 Study
Period, since all items vere continued for further study. New items have slso
been added, as identified in that study period.

These questiuns are based on the satellite communication link layout on

Figure 1, as vell as on the definitions of Type I and Type II Sateliite
Systems. These system types are:

I. A system vherein a 15LkL kbit/s or a 2048 kbit/s signal is in essence
carried transparently to the other end of the sateilite link without
processing of bits internal to these bit streams. This type of systen
may not include Time Division Multiple Access (TDMA) function, or it
may include a TDMA function transmitting CCITT standard (e.g., 154k
or 2048 kbit/s) signals.

II. A system wherein 1544 kbit/s and/or 2048 kbit/s signals are subjected
to processing demultiplexing the primary multiplex signals. The
rultiplex conversion function is expected to be performed at one
or both Direct Digital Interface Equipments (DDIEs).

Some of the questions require input from other CCITT study groups and from CCIR.
Initial queries to these groups wsre nade in 1979 {CCITT) and 1980 (CCIR).

A. Questions relating to e I Systems
i) Where should the MSC be located, and why?
a) A-law country. H-lav country, or either?
bl International exchange or earth station site?
i) What is an appropriate MSC capacity?

a) Is a 2h-channel to 30-channel MSC (i.e., a single system of each
standard) needed? If so, should the remaining six channels in the
30-channel system be unused?

b) What combinations of primary multiplex levels should be provided

(e.g8., 120 channels representing four 30-channel systems and five
2l-channel systems)?

.l
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country ?
a) 1In the MSC or externally 7

b) At the international exchange or earth station site?

iv) What synchronization requirements are to be considered when using
the MSC?

v) Should it be possible to include a digital speech interpolation {pS1)
function in Type I systems? If so, where should this function be
added? What answers (if any) change.as a result of adding this
function?

Questions relating tc Type II Systems. {Answers may vary depending upon
particular Time Division Multiple Access (TDMA) plans.)

i) Are there any special multiplex conversion problems when using Type II
Systems? If so, what are these? Are Recommendations required?

ii) Should A-lav to/from p-law conversion be done in the earth station
equipment or in the international exchange in the p-law country?

iii) Do any special synchronization problems arise in the CCITT recommended
systems? If so, what are these problems, and how might they be solved?

iv) Should it be possible to include a digital speech interpolation (DSI)
function in Type II systems? If go; where should this function be
added? What ansvers (if any) change as a result of adding this
function?

General questions

i) What signalling means will be utilized to determine that particular
channels are carrying voice, voiceband data, or digitally generated
data service? (Note: this information is needed wherever the A-law
to/from u-law conversion is to take place, as well as whenever other
special actions must be taken - see the next three questions.)

Should these signalling systems be either common channel or channel-
associated, or a combination? If channel associated, should analogue
{e.g., PCM-encoded sinusoidal signals) means be included?

ii) What other processing may be needed for channels carrying voice services
in these systems (e.g., echo suppression or cancellation)?

iii) Wwhat special measures may be needed for channels carrying voiceband
data services?

iv) What transformations may be needed for channels carrying digitally
generated data services?
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v)

vi)

2i1)

viii)

ix)

x)

xi)

xi1)

xi11)

Note :

this process, a communication vas sent from CCITT Study Group XVIII to CCIR Study Group L
at the end of the 1977-1980 study period.
Annex.

to this
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What transformations may be needed for channels carrying CCITT-
recommended aignalling systems signals?

Will other methods of encoding than standard A-law or u-law PCM be
utilized for voiceband services on satellite linkc? If so, vhat
impact wvill these have on the system and on the answers i0 other
questions?

What alarms and related system information should be transferred across
the interface? What algorithm should be used? What action should be
taken at the earth station and/or at the international exchange with
alarms generated at the opposite end of the link? (Note: 20L8 kbit/s
systems can transmit alarms in time-slots 0 and 16.)

What special maintenance approaches are appropriate for the systems
postulated? Should the satellite and the two terrestrial links be
considered separately for maintenance purposes?

Should nx6L kbit/s services be carried? If so, vhat special problems
arise and hov may they be solved?
Are there known intervorking incompatibilities between any user

services (e.g., direct digital data) specified or contemplated for

the two hierarchies? If so, what are these and how might the in-
compatibilities be resolved?

Should 3l-channel versions of the 2048 kbit/s system ({.e., systems
using time slot 16 for service) be considered? If 80, vhat changes
may be needed in the answers to the previous questions?

In some situations, s country using one primary rultiplex standard may
receive via satellite signals encoded in a format nonstandard in that
country, transport these signala (perhsps at considersble distance, and
perhaps through internstional exchanges) to a second earth station, and
retransmit these signals to a third country using the original format.
In these situations, should recoding be allowed? If nct, vhat arrange-
ments should be considered for providing this service? What, {f any,
is the impact on the ansvers to other questions?

With some choices of ansvers to the previous questions, a terrestrial
link (Figure 1) may either require a 2048 kbit/s system in a 15LL kbit/s
country {or vice versa), or require s nonstandard system {such as A-lav

encoding - with zero suppression difficulties - on 15kl xbit/s facilities).

8hould such facilities be sllowed? If so, howv should they be specified?
Should they be standardized for terrestrial link use?

Ansvering some of these Questions requires interaction with CCIR.

To further

The text of this communication is apperded
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Communication from CCITT Srudy Group

S R Ty

Whereas CCIR, at its XIVth Plenary Assembly in Kyoto 1978, adopted Opinion 37
and Report 707, vith portions of these documents related to iaternational satellite
links involving the interw rking of countries using the 15tb and 208 kdbit/s
hierarchies, CCITT Study Group XVIII asks CCIR Study Group U :

1. To inforrs CCITT Study Group XVIII vhether DDIE equipment (specified by
CCIR; see e.g. Opinion 57) vill alvays jinclude the function of reassembling the
primary multiplex signal used in the receiving country (as implied by Sections 3.1
and 3.2 of- Report T07), or whethcr there are also contemplated systems vherein a
154l kbit/s or a 20iB kbit/s signal is in essence carried transparently through the
satellite link without processing of bits internal to the primsry sultiplex bit
stream, vith multiplex system conversion to be performed by equipment specified by

CCITT.

2. To inform CCITT Study Group XVIII vhether digital speech jnterpolation (DSI)
functions are likely to be incorporated and, if so, whether the DSI function will be
incorporated in the direct digital interface equipsent {DDIE), in equipment which will
be located on the side of interface #a" (gee CCIR Opinion 56) containing equipment
specified by CCITT, or on either side of interface "A" Jepending upon the spplication.

3. To consider the implications of the snswers <o points 1 and 2 vith regard to
the ultimate need to specify similar functions on both sides of interface "A" for
different applications and, if such & need is perceived, to suggest mechanisms vhereby
the recommendations developed by CCIR and by CCITT ssy be kept consistent.

k, To inform CCITT Study Group XVIIT if any systens are postulated in vhich
CCIR specified equipment will modify the code of PCM-encoded voice signals and, if so,
of the nature of the new code and of any impairments expected to voice and voiceband

dats signals.

5. To inform CCITT Study Group XVIII if there is any contemplated difficulty in
meeting the slip performance for plesiochronous intervorking as recommended in

the requirerents of

Recommendation G.822. It is expected that, in order to meet the
Reccomendation G.822, high-accuracy clocks in sccordance with Recommendsation G.811 will

be required.
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Study during 1977-1980 of interworking between two countries using different
primary multiplex standards concentrated on satellite applications. Most
contributions responded to some portion of the detailed questions raised

by the Rapporteur. In the discussion below, reference is

made to the corresponding questions carried over; see Annex.

Responses to the basic questions regarding location of the A/u law converters
and of the multiplex system converters are summarized in Table 1. With re-
gard tc ihe remaining questions, the following comments may be made:

GQuestion A ii}: Several contritutions mentioned Multiplex System
Converter (MSC) capacity. The proposals
ranged from inefficient 24~30 channel system interfaces (at
least for early satellite systems or those with smull cross-
sections) to 120-channel {5 = 2k and 4 x 30) interfaces, to
the possibility of future higher cross-section interface:.

Guestion A iv}: The contributions suggested no special synchronization re-
quirements when the countries connected utilize synchrcnous
national networks; intervorking is then plesiochronous. 1In
the case whercin slip type DDIEs are employed in & satel-
lite system which is timed to clocks of low accuracy, high
slip rates will probably result. A CCIR report described
general requirements on buffers associated with system in-
terfaces. Both CCIR and KDD mentioned the functions of
Justification and slip-type DDIEs.

Discussion on this point emphasized the

preference of CCITT Study Group XVIII that

interworking between digitsl terrestrial and satellite links
be plesiochronous, using high accuracy clocks to provide
satellite TDMA timing. Some Administrations noted that
satellite earth ststion equipments may have difficulty gain-
ing access to highly sccurate national clocks and may not

be able to afford their own highly accurate clocks.

Question B i}: No particular problems with implexenting Type 11 systems

were identified.

o

Synchronization comments are similar to those in Question A iv).

Question C i} : The only substantive input regarding signalling was received from

Study Group XI, which indicated that, in accordance with
Recommendations Q.7 and Q.110, CCITT Signalling Systems Nos. 5, 6
and 7 and Rl and R2 can be operated with circuits including
sateilite links. Of these, only signalling systems Nos. 6 and 7 can
offer the required additional signailing capacity for meeting the
requirements imposed by alternate voice and data spplicatiocns;
however, these additional functions dc not yet appear in the existing
Recommendations, Study Group XI has proposed two Questions

{Q.2/XI end Q.3/XI} for audress*ng these 1ssues for signatiing

system No. 7 (which according to Recommendation Q.7 is the preferrec
system for interexchange sigrnalling in the IDKN and ISDN) In the
1281~198L study pericd.
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Study Group XVII also noted the importiance of providing a means of
. .

differentiating between the various types of ISDH services to control telephone
ancilliary equipment when intervorkins between ISDNs based on different PCM/TIM

standards.

Question ¢ 11): Other types of processing that mesy be needed for channels
carrying voice systems have been identified, including:

« echo suppression or cancellation

- digital speech interpolation

- inversion of bdbits 3, 5, 7 (J transformation of Figure 1,
Annex 3); substitution of 00000001 for 00000000 (Z operation
of Figure 1, Annex 3)

Questions C 1ii) Other types of processing that may be needed for channels
and C iv): carrying nonvoice systems have been identified, including:

- substitution of 00000001 for 00000000 (Z operation)
- inversion of bits 3, 5, T (J transformation)

- inversion of sll bits (I transformation of Figure 1,
Annex 3} and/or inversion of bits 3, 5, 7 (J trans-
formation) for CCITT Signalling Systes No. T

- possible digital processing (SC VII comsent)

Voiceband data and direct digital data both may need
processing different from voice and different from each oth
Refer to Annex 4, which identifies Study Group VII concerns
and specific questions in thic area.

In gddition, it vas noted that digital speech interpolation equipment,
if used, may slter the ansvers to some of the questions.

It is clear that close cooperation is needed between Study Groups VII,
XI, XVII and XVIII to allov progress in the study of the interwvorking question.
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TABLE 1

Surmary of inputs

Topic

Input COMSAT AT&T Teleglobe KoD CCIR Svudy

Location of A/u converter

A.

location of MSC

A.

Country
y-lav (per G.T11) X X
Site
earth station X Kote 3

transit centre X X
either X X

Country
A-lsw

y=lavw X Note 1 X
either or both X Note 2 X X

Site
earth station X b ¢ X

transit centre Note L X
eitker X

Tunctional integration

into equipment covered X
by CCITT
Reccrmendations

into equipment covered
by CCIR
E}eccm:—endations

into equipment covere?d X X
by eitner CCITT or
CCIR Recommendations

o

Note 1 : The MSC should be located in the u-lav country if the satellite systes
transmits s fully standard A-lav, 2048 kbit/s signal as specified in
Recommendations G.711 and G.732.

Fote 2 : The MSC function could be located in either or both countries if the satellite
system transaits s signal nct meeting the constraints of Note 1.

Rote 3 : The A/u converter could be located in the earth station if DSI equipxzent is
alsc located at the earth station.
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Annex 3

.

{to Question 1h/XVIII}

intervorking between two standard. considering veice and data

1. Introduction

This Annex is an example of e3 spprcach m=eting scme of the intervorzing
prodlems. As such, it is considered vorthy of further study, along with other possit
solutions vhich nay be proposed. In perticular, it is izportant tc note that
Study Group XI has requested that Study Group XVIII seach 7:r a solutisn to the
intervorking problen which sccomplishes all necessary transformations at one lacation.

In the rezainder of this annex, one possible intervorking configuration
bgtveen an A-lav country and a p-lav country is investigated. A new method vith a
single code conversion is introduced to solve the besic problem of applying the
A/u conversiorn to voice signals but not to digital data signsals, vhile suppressing the
consecutive all-zero pattern on 15&k kbit/s tracsmissios links.

2. Requirements :
The folloving items need to be considered : :

1 For digital data signals, the A/u and u/A conversions must be removed, because
the conversions are not uniquely reversible.

2. The all-zero word (8 bits) may be inhibited on 15bL kbit/s transmission links.

3. The A/u converter may be located in the M-lav country and its preferable

location is the gatevay switch (except in the case that the DSI, wiiich aceds
voice channel identificatiom, would be located st the earth station).

4. The MSC (Multiplex System Converter), which may be located at the earth
station of either the A-law or H-law country, should preferably perforr tre
same conversion without distinguishing between voice and data.

S. The deficiency caused by the intervorking shall be minimized, although it can
not be avoided perfectly because of the all-zero restrictiom.

3. Afp converter

Before detailed discussions the bit inversion process related to the
A/l conversion should be clarified.

It is understood that the so-called even bit inversion cperation is for pwr
descriptive purposses in the (CITT Recommendations. It is only a logical process witi
the A-law codec. {See Note 2 of Tables la and 1b in Recomsendatian G.711, and Note
of Section 1.1 in Recommendation G.732.) Therefore, il is taken for granted in th
following considerations that this even bit inversion is included in the A/
converter as an internal logic.

4




Intervorking

Feature : Introduction of the Z operation (by which the code "00COCOOC™ is
raplaced by "GOOOOO0L" but others are not changed) to avoid the transmission of
all-zero word on 15LL kbit/s transmission links and the J operation (by vhich 3rd, Sth
and Tth bits of each vord are inverted) to minimize decoder distortion.¥)

AR

Comments :

i) u to A direction

= There is no problem if the all-zero vord is inhibited on 154k kbit/s
= transmission links in the p-law country.

ii) " A to y direction

Cne A-lav charscter signel and one digital data signal are subjected to the
folloving distortion :

= - The A~lav character signsl "00101010" (decoder output value number in

= A-lsv = -=12B) is converted into the code "00000001" by the J operation

= end the Z operation at the MSC, and then into the py-lav character signal
*00000001" {decoder output value number in p-lav = -126) by the

J operation and the A = u conversion at the gatevay switch in the p-lav
country (see Table 1).

= ~ The data signal "00CO0000" in the A-lsv country is converted intc
= *00000001" in the i-law country.

~ However, this distortion does not make the matter worse since the y-lav
character signal "00000000" (decoder output value number in py-lsw = -127)
= which corresponds to the A-law character signal "00101010" (decoder
= output velue number in A-law = -128), and the digital data signal
T00000000" would he inhibited on 15kl kbit/s transmission links in the
y-lav country in any case.

In Figure 1, the other equipment related to interworking is slso described.
For instance, echo suppressors should be removed for voicebasd data signals and
digital dxta signals.

= *) The desirability of incorporating the J-code operation should be studied further.

= - (22)
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Code converted

y-lav code with J operation
{~127) 00000000 o —— (-128) 0010101C —_— 00000000
{-126) 00000001 —n—— {-127) 00101011 —— 00000001
{ -85) 00101010 ————— { =86} 00000000 —_— 00101010
{ -8L) 00101011 ——————e { -85) 00000001 — 00101011
: .l :
{ -3) 01111100 —— { -2) oioclooC —_——- 0o111111g
{ =-2) 01111101 ',,_.-_—-———-v N
{ =1) 01111110
{ -p) 01111111 b ( ~-1) o1o010101 —_—— 01111.11

{ )} : Deccder output value number of each encoding law (see CCITT Recommendation 35.711}.

5. Data link for CCTITT Signalling System No. T

Since the transmission process of CCITT Signalling Systex Yo. T can avcid
long zero strings with inversion of all bits, it wvas agreed in Wcrking Parcty 2 of
CCITT Study Group XI that for a 6L xbit/s signalling link in the u-lav country the
inversion should be spplizd; however, in the A-lav country it should not be applied.
The process for intervorking between the tvo countries vas not clearly defiped {1

XDD proposes that the inversion should be applied in case of intervorking
between countries using different stardards, and that the ipverters should be placed
st the gatevay svitches of both countries. If so arranged, the MSC need not recognize
the signalling channel snd this channel can be handled as an ordinary data channel.
Alsoc the all-zero word probles on 1544 kbit/s transmissi.u links between the gateway
svitch in the i-law country and the MSC is solved.

The configuration is also shown cn Figure 1; pariicularly observe notie ).

é. Conclusion

The intervorking configuration described in Figure 1 is proposed to meet the
intervorking requirements. A aethod of interconnecting signalling links for CCITT
Signalling System No. 7 is also proposed. In this proposal, the MSC peed oot identify
whether voice or data is carried.

The insertion or removal of bit operations is required st the gatevay
switches of both sides according to the services. Howvever, this kiand of control is
necessary snyhov, e.g. for echo suppressors.

The propcesal, therefore, is considered to be worthy of further study as «
possible solution to the problems of interworking between tvo standards.

BIBLIOGRAPHY
1. CCITT COM XVIII Contribution No. 2uS {Working Party XI/2). (Report on the

Study Period 1977-1980 1meeting held in Geneva from 22-26 January, Part V,
Section 2.3)
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= cases of

an X.50 or X.5)1 multipiexed stream;

a LB kbit/s data channel carriea in
{See Recommendation X.50 bis or X.S51 bigi:

= - an X.75 digital link;

- an X.60 digital signalling iink.

Conforming to Draft Recommsndation 5.72x, it migh
existing X series Recommendaticns in the future. However,
studied vhen intervorking betveen PCM multiple
defined.

Therefore Study Group VII asks Study Group XVIII to reply as soon as possible
to Question 14/XVIII. In particuisr, a list of important features as regards digital
data is given below :

= - Will the 6L xhit/s telephone and data paths be shared or not ?  I7 yes,
= on which basis ?
- Will signelling links {X.80, X.75, - - } be carried under specific paths eor

not ?

country and the
te altered cr not ?

{22)
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{continuation of Susst-ion 6°¥VIII, studied in 1977-1983)

o I

Considering

(a) That intsrface spacifications aTe gecessary o interconnect
digital network cosponents (line sections, msultiplex
aquipment) %o forw an international digitai nech.

R A

= (b) That internstional dizital paths can be interconnected through
= digital switching equipment and terminated in digitsl terminal
equipesent to forz an {aternstional digital connection.

(¢) That sn international digital path and an intersationsl digital
coannsction provide for the transmissico cf a digital signal
{bits) at s spacifiad hierarchical bit rate, independent of the
service csrried by the digital signal.

2 (d) That to ensurs the interconnection cf network components for

A ths transaission of digital signsls (bits) 1t is sufficient to
specify physical, functional snd electrical charactsristics of
the interfscs.

l
[

(s) That sspects of digitsl fnterfaces relsting to the conteat
{¢.g., signailing protocols) of the digital signsl.rranssitted
over tha iantsrface ars dsalt with {n other Questicas of SCIVIII
or by thosa study groups coaceranad with the servics carried by

the digital sigeal. .

{f) That Recommsndatios C.70) specifies digirsl iaterfaces for
intercounection of digital network components at hiersrchical
bit ratas oaly.

I \|I>\ 1

(g) That iaterfsces st hiersichical b1t vatas ior purposes cther
chan directly providing transmissios intercoansction om as
iatarnaticsal digitsl coonection (e.§., timing coatrol
distributics) msy rsquira specificatios.

. {h) That Escommendation C.7C) is referred to iz other Recommend-
3 atiogs o0 line ssctions and oo teraisal, sultiplex and

switching squipment.

(1) Thst iaterfsces ai non-hierarchical bit raves shall be
specified in the ralevant equipment recommerdations.

il
‘.

= - {35 That the evslutios of digitsl tschaclogy ssy fsquite ths
= apecificacien of Riersrchicsl laveis at bit zatas other than those
specified st prassat in Racoamendation G.703.

{k) Taat for soms iaterfsces of Becommendstion G.703 the walues for
=~ Jittar requirs further study amd for other interfaces the osed
fosr jitter specificatios and 1if sppreyriats the weluwes for
dircer have 35 e eBlablished.
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1. Showld interfaces other than those specified in Recommendation G,703 be
recommended 7

2. What characteristics shouid be recomaended for these
interfacees, including:

Elactrical characteristics
Functional characteristics
Physicsi characteristics

Any rastrictions on the digital signals crossing taa
intefras.

LI I |

3. Por interfaces presently gqucted in Rscowsendation G.703:
- I8 there a need for additional specifications for jitier and wander ?
- If so, vhat values should be specifiad ?

L.

What is the impact that new transmission media (e.g. optical fibres) will
have on interfaces !

QUESTION 16/XVIII - Performance characteristics of PCM channels at
audio frequencies

(Continuation of part of Question B/XVIII, studied in 1977-1980)

)

Considering

- that some specification items in the Recommendations G.7il and G.T12 need
to be completed;

- that within a widespread digital network, it is envisaged that a telephoay

connection will ultimately require only & single encoding/decoding process for each
direction of transmission;

- that independent encoder and decoder will be incorporated in each telephony
connection and thus, separate transmit and receive side specifications at audio
frequencies are needed;

- that for application in local area or vwith digitai exchanges, provision :
for 2-wire analogue inverface should also be considered; =

a) What modificstions to existing Recommendations G.711 and G.712 should be
made 7 For example, the value for longitudinal balance should be studied and
specified. Also the necessity fcr the digital sequence for reference frequency and

the necessity for high pass filterinz in anelogue to aigital converters should be
studied,

b) What are the values and limits to be specified for the audio frequency
performance characteristics of PCM channels measured at the 2-wire point 7

c) What are the values and limits to be specified for the performance

characteristics of PCM channels at audio frequencies when the transmit side and receive
side are measured separately ?

Note 1 : The measuring method for longitudinal balance is under study in Study Group IV.
Study Group XVI is also studying this matter.

Note 2 : With respect to the digital sequence for reference frequency,
Recommendation G.101 should alsc te considered.

(22}
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Annex 1

Y

{to Question 16/XVIII)

Longitudinal balance specifications

The item contained in paragraph 4.3 of Recommendation G.712 (longitudinal
valance) was discussed taking note of COM XVIII-No, 77 {FRG) and COM XVIII-Fo. 271
{Canada-ENR). These two Contributions are appended to this Annex.

Study Group XVIII identified the urgent need to determine the values for

longitudinal balance as well as the corresponding measuring method. Although
Study Group IV is aware that a figure for longitudinal balance can only be given if
the correspond1vg measuring method is clearly defined, a specxflcatxon for the
measuring method does not exist as yet, For this reason, it is proposed that

tudy Group IV should pick up this matter during the next study period and prepare a
Recommendation concerning the measuring method of longitudinal balance on equipment
inputs and outputs.

In view of this situation, it seems not to be advisable to complete
pagagraph 4.3 of Recommendation G,712 still during the current study period.

Appendix 1
{to Annex 1 to Question 16/XVIII)

Amendment of Recommendstion G.712 : Specification of impedance unbalance

(Contribution from the Federal Republic of Germany)

1. Background

Item 4.3 in Recommendation G.712 is designated since 1972 as being "under
study". However, no contribution has since been presented. HNevertheless it is
desirable to complete G.T12 in this respect.

2. Proposal for item 4.3 in Recommendation G.712

4.3 Impedance balance ratio

The impedance balance ratio, measured by means of the circuit defined in
Recommendation 0.121, Fig. 1, should not be less than 46 4B in the range 300 to

3400 Hz."
3. Remarks
3.1 Terminology

The term "longitudinal balance", so far employed in Recommendation G.T12, is
rarely used in CCITT publications. Instead, "impedance baslance ratio" is used in
Recommendation 0.12)1., Other terms are employed elsewhere. An ad hoc Working Party
of Study Group V and Study Group XVI (London, December 1975) has proposed a set of
new terme in respect of unbalance (cf. Doc. COM XVI-No. 7) the discussion of which in
Study Groups V and XVI is not concluded.

A
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3.2 Practical usefulness

The method prescribed in Recommendation 0.121 is vell established and is
used in existing cormercial measuring equipment. The IEC recommends the same method
for impedance unbalance measurements in the field of electro-acoustics
(IEC Publ. 268-3).

3.3 Numerical value

With respect to possible c¢ross ik due to impedance unbalance, the values
of unbo.asnce of connecting cables in a stacion are of more importance than those of
the audio-frequency terminals of a PCM multiplex equipment. Accordingly, for the
latter, a value of 46 4B, as stated in Recommendations K.10 and Q.45, will ve
sufficient. It does not seem necessary to relax the requirement in the range 300 to 60C
Hz as in Recommendations XK.10 and Q.4S since G.T12 relates to four-wire ports where
problems with feed coils do oot arise.

Appendix 2
(to Annex 1 to Question 16/XVIII)

Proposal for longitudinal balance specifications for inclusion in Recommendation 5.7312

(Contribution from Canada : Bell Northern Research)

Abstract

This contribution proposes a set of values and the associsted test s od
for longitudinal balaoce for inclusion in Necommendation G.712.

1. Introduction

In the preliminary reply to Question 9/XVIII (COM XVIII-No.234, Period
1977-1980) Working Party XVIII/2 stressed the need to complete Recommendation G.712
during the current study period. One of the items presently under study in
Recommendation G.712 is longitudinal balance.

Measurements of longitudinal balance, in particular, depend on the test
mathod used. This ccatribution therefore proposes a set of values and the associated
test method for longitudinal balance for inclusion in Recommendation G.712.

2. Test Method

In the past, several test methods for longitudinal balance measurements
have been used in Canada and «lsevhere in North America.

In an attespt to reich agreement on a single method of testing longitudinal
balance "IEEE STANDARD 455-1976" was developed. This standard describes the test
procedure for measuring longitudinal balance of telephone equipment operating in the
voice band and i{s gaining wide acceptance in Canada. Comparative tests of
longitudinal balance on various aevices with four test sets constructed independently
according to the IEEE Standard demonstrated the reproducibility of messurements and
wer: submitted to CCITT (COM XVI-No.73, Bell-Northera Research Period 1973-1976).
CCLTT Study Group V is also considering at present the merits of the IEEE Standard
(COM V-No.22, COM XVI-No.43, Period 1977-1980).

(22}
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Figure 1 shows the test circuits for measuring longitudinal balance
according to the IEEE standard. The degree of longitudinal balauce- the racio of the
disturbing longitudinal voltage Vs and the resulting metallic voltage Vm of the
network under test, expressed in dB,- is:

Vg

Longitudinal-balance = 20 log . '\:

(48]

We propose to use the test method described in "IEEE STANDARD 455-1976" and
a8 shown in Pigure ] when massuring longitudinal balance of PCH multiplex equipmant.

3. Lougitudinal Balaunce Requirements

Yigure 2 shows one test method which has beeun widely used in Canada and
elsevhere in North America in the past. Other test mathods were also used.

Longirudinal balance for the test method shown in Pigure 2 was expressed as
{dB] and

v
Longitudinal balsnce = 20 1:':;x ’lv'.
n

aigimum longitudinal balance requirsments for the d-wirs ports of PCM sultiplex
squipment were:

200 Hz 86 dB
1000 Hz 80 48
3000 H: 78 d8

PCM aultiplex equipment designed and manufactured meeting these requirements is
operating satisfactorily in the network today.

Taking thess existing requiremsnts as s base. conversion factors had to bde
derived to determine squivalent longitudinal balance requiremants for use with the
proposed test method of Figure 1.

Theoretical anslysis and seasvrem=nte ccefucrad st Bellc¥orthern Rasearch -
show that for all practical purposes s conversion factor of O dE ~a3 be used over the
voice frequency band as long as the lorsitudinal iapedance of the tast specimen
exceeds )0 k ohms. Since 4-W ports cf FCH multiplex aquipmént gocaraily have s
longitudinal impedance in the order of 100 k ohms 2 U dB conversisnn factor can be
usad.

Therefore, we propose to include the follow:ag lonzitudinsl balance
requirements for the 4-W ports into Recosm2udlition G.712:

Prequency [Rz] Minimve Longitudinsl halance [dB]
200 86 4B
1000 80 4B

3000 78 4B
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4. Prcposal for Inclusion in Recommendation G.712

Summarizing the considerations under Itemsl, 2 and 3, we propose to amend
Becommendation G.712 as follows:

4.1 Rec.G.712, Item 1, Third Paragraph

Amend the third paragraph to read:

‘The values and limits specified are those which should be obtained in
4—vire messurements using two PCM nultiplex terminal equipments connected
back-to=back (except for 5.3 below) and with the input and output ports of
the cl)llnneli terminated with thelr nominal impedance (except for 4.3
below).’ Tt T T T

4.2 Rec.G.712, Item 4.3

Dalete “Uader study’. Insert the following text:

Longitudinal balance should be measured in accordance with the driving test
circuit and the tarminating test circuit shown in Figure 1 of Annex 2

Longitudinal balance is defined as
v

s

20 log” ‘-v-:‘ (48]

The sinimum lovgitudinal balance should be:

200 Uz 86 4B

1000 Hz 8G dB

3000 Hz 78 d8
4.3 uCnG.712. New Annex 2

ARNEX 2
{to Racommendation G.712)

Test Circuit for Longitudinal Balance Measureaments

Tigure 1 shows the standard driving and standard terminating test circuits
for lougitudinsl balance msssureaents. Nominal impedanca values are:

2y, 2, 24 2, 368 ohms
z, 2000 ohms
Za 736 ohms

A full description of the test procedure for measuring longitudinal balance
of telephone equipment operating in the voice band is given in °I1EEE STANDARD
455-1976° .
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{2) Standard driving test circuit for measurement cf single
{22} port and two port networks.
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(b) Standard terminating test circuit for measurement of
two port networks.

Figure 1 - IEEE test method for longitudinsl
balance measurements
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} T r-v,_.' f TEST
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Z = 600 ohms
C = 0.5 uF

Figure 2 - Test method for longitudipal balance measurements
ugsed in the past in Canada
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Annex 2
(to Question 16/XVIII)

Study Group XV (Geneva Meeting, 25 June-13 July 1979) extract from
the Report of the Working Party on Echo Suppressors
(Contribution COM XV-No. 324)

"The Echo Suppressor Working Party took note of the extract from the
preliminary report to Question 17/XVIIT and of the extract of preliminary reply to
Question 1/XVIII and the need for disabling of an echo suppressor or canceller when
used in an integrated services digital network. Present designs of echo suppressors
and cancellers include an external enable/disable control but do not presently
recognize a signal which indicates bit integraty is required. Further information will
be required-by Study Group XV before such disablers can be designed.

Study Group XVIIT is further advised that Recommendation G.712 (Figure 1/G.712)
does note require the use of high pass filtering in A/D conventers how frequency
interference from power supplies is therefore not attenuated. This makes it necessary
for any following digital equipment (particularly those using speech detectors) ta
provide high pass fiitering. Study Group XVIII are asked to consider the possibility
of providing appropriate high pass filtering in A/D conventers recommended in G.712
having due regard to the total system economics".

Annex 3
(to Question 16/XVIII)

A proposal for specifications on performance characteristics
of 2-vire PCM channels at audio frequencies

{Contribution from Nippon Telegraph and Telephone Public Corporation)}

1. Introduction

CCITT Rec. G.712 specifies performance characteristics only for 4-wire
PCM channels at audio frequencies. It should be noted, however, that PCH
multiplex equipments with 2-wire PCM channels have been widely used for trans-
mission between 2-wire analog exchanges, or for pair gain systems in local
areas, and vwill be used for digital local exchanges. CCITT Study Group XI
is preparing the draft recommendations for digital trasnsit snd locsl exchanges
; where 2-wire analog interfaceés as well as 4~wire analog interfaces are
involved.,

NTT is of the opinion that Study Croup XVIII should study the performance
characteristics of 2-wire PCM channels at audio frequencies, and specify the
values and limits as soon as possible in order to avoid the diversification
of the gpecification for 2-wire PCM multiplex equipments.

This contribution proposes performance characteristics of 2-wire PCM
channels as a base for the study in the 1981-1984 study period.

(22)
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2. Proposed specifications for 2~wire PCM channels at asudio frequencies

A transmission path A~B shown in FIGURE ! is defined as s 2-wire PCM
channel. The values and limits to be specified are those which should be
obtained in 2-wire seasurements using two PCM multiplex equipments with
2-~wire PCH channels back-to-back and with input and output ports of the
channels terminated with their nominsl ispedance.

Purther study is required for the separate specifications of the send
and the receive sides of 2-wire PCHM channels.

2.1 Attenusti-affrequency distortion (Corresponding to Sec.2/G.712)
The variations with frequency of sttenustion of sny channel should lie
within the limits shown in the sask of VIGURE 2.

The reference frequency is 800 He. The input power level should be
0 dbaO.

2.2 Return loss (Corcesponding to Sec.4.2/G.712)
The departure from the nominsl value, wessured as return loss against
the nominal value, should oot be less than 12 dB over the frequency range 300

to 600 Bz and less than 15 4B over 600 to 3400 Hz.

2.3 Lougitudinsl balsnce (Correspomding to Sec.4.3/C.712)
Yurther study is needed.

Bote: Lewgitudinal Balance for 2-wire PCM chesnels wust be specified.
Rec.Q.45 may de refarved to.

2.4 Stability aad echo loes (New items for I-wire PCH channels)

Since a Z-wire PCM multiplex squipment comtaims hybrid circuits for
couversion betwesa 1-wire and &-wire,the transmission loss of the path T-i-V
shows in VICORE 1 from ths point of view. of atabilicy and of echo should

be specified.

1t should be noted, however, that the loss of the path T-A~U depends
on the losses of the pads, X and Y and the characteristics of the bandpass
filters shown in FIGURE 1. Since the values of the losses due to these
circuits are left to Administrations involved, the balsuce return loss
component of the total loss for the path T-A-U, defined in Rec. G.122 may
be 8 possible specification for the stability and the echo requirements.

The messuring method as well as the values for the balance return loss
and the echo bslsnce return loss should be further studied and specified.

2.5 Discriwinstion against out-of-band input signals (Corresponding to Sec.6

16.712)
Rec. €.712 Sec.6 specifies the loss in the range 4.6~72 kiHz. For 2-wire

PCH channels, it might be necessary to specify the loss arround 50 He ie
order to discriminate the interference from power cables. Further study is
required.

2.6 Co-to-return crosstalk (Corresponding to Sec.13/G.712)
Since it is difficult to weasure go-to-return crosstalk for 2-wire PCM

channels, this item is left umspecified.

2.7 Other items
For itess other than those presented above, the same specifications as

those recommended in Rec. 6.712 for k-wire PCM channels should basically be
spplied to 2-wire PCH channels.

3. Conclusion
NIT proposes that Rec. G.712 should involve perforwance characteristice

of not only 4~wire PCM chsnnels, but also 2-wire PCH channels. The values
and limits presented sbove are proposed ss & base for further study.

(22)
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Proposed principles and tentat
separate specification of PCH cf

g —~
DETSTEIErS of

g

1. Should the requirements of G.712 be rzlared in any case ?

Considerable discussions took place on this question of whetber, in
dafining the separate limits for the send and roceive sides, it woculd be scceptable to
awe g situation wheredby s it adverse cambioaticr of send and receive sides would
bAve an oversll performance slightly ianferior tc G.7i2. The genersl feeling vas tnat
for most parameters thé sepurute limits should be defined in such s vay that C.712
is alvays met. Nowever, sope delegates were of the opiricn that for same parsmeters
a8 lesst {e.g. total noise, crosstalk, gain verscs level} it would be unreslistic to
st such sepasste limits snd they would be willing to sccept that for 2 most sdverse
esmbiuvatios, which would octur omly very infrequently, thes an overall performance
very slightly inferior to G.712 would be acceptable. This poist could not be resolved
and it vas agreed to comsider the questioa for ssch parsmeter lster.

2. Should limits be established for B x in €712 7

All the peremeters in G.T12 were considered and Table 1 is & samary of the
agreammat yreuched ou how each parwmetsr should be denlt with.

3. Should there be axy differesce in the limits applicable to d-law or s-law
myeteas 1

Sveryboly sgreed om the desirability of having commos limits but some
dslagates expressed the opision thet for certais parsmeters the differences between
the thecreticsl parformance and the limits gives is C.712 are rsther smail sod it
night be mecesssry, ia certais cuses, to define differest limits. This poiot will
have to be resclved vhem isdividusl parsmeters are discussed.

L. hat besis of slicestion of limits should be defioed Y

It was agreed thst ao siagle grinciple could be sdopted but rather the
allocation would be dependent yPpoo the parmmeter in guestion. In some cases it vas
resognized thet voltage or pover sumation would spply sad furthermore it would sot
always be sgprogriste to allocate limits squally for the send snd receive sides.

5. a in be i £ error 1

At first comfusion srose becsuse of an apparent discrepancy betveen the
aglish and Presch versioms of the second sub-parsgraph of parsgraph 1 of G.7i2. It
was agreed that the spirit of the Eaglish versioce shculd be followed and that the limits
%0 be defiasd should aot isclude & margin to take sccount of the sessursment
issccurecy of test equipment. Nowever, performsace limits should be met in all cases
mking due allowamc. for axy isnccurssy im the testiug techniguex.

The correct Fremch tramslistios of the English version is &8 follows :

*Les limites de qualit€ ~ - - - tous les cas, 3aul en cas d'imprieision
Sventuelle des methodes de zesure appliguées.”
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5. Tentative values for parsacters

On the besis that the limits would be oper 1¢ future amendsent, it was
agreca that some tentative values should be propesed for some of tle parsmeters that
reyuirc separate specification. It was felt by delegates that i cuxbers exist then
this will encoursge people to carry out measurements acd further stuaies in order o0
deteraine vhether the limits are fessible and ~ezlistic.

In proposing valacs, the basic concepts of s -standard send 3idec ond i standard
receive analyser were accepted. The definitlons of suth hypothetical devices are as
followus :

a) A standard send side is 3 hypothetical device which is absolutely fdeal,
i.e., a perfect analogue digital converter preceded by an ideal low pass filter {assumed
to have no frequency attenuation distorticn and 50 envelope delay distortion) or it is
a digital processor which simulates the above.

b) A standard receive aralyser is a hypothetical device which is either a
standard receive chancel that is absclutely ideal, ie & perfect digital to amalogue
converter folloved by an idesl low pass filter {sssumed to bave no freguescy =
attenustion distortion and no envelope delay distortioe) om it is a digital processor

W

which simulates the sbove. =
hwduithmmmtqﬁmbudmww. ?;

will become gvailable. Although such eguipments might not be perfect they should i
have sdequate sccurscy. =
=

i) Attepuation - frequency distorticn

Each of the lirdts for the send snd receive sides should bde balf of the
C.712 lamit.

Comment : this reflects the agreemcat slresdy resched at the last meeting
of Workisg Party VIII/Z.
ii} Eaveiop: Selay distortiom

Each of the limits for the send snd receive sides ahould be half of the
G.712 1imit. In addition, mmmurwugmamwnm
propagation delay should be half of the G.712 limit.

Commest : some delegites -xpressed docht sbout the feasidility of carrying
out such messurem:ots in practice but &t least this requirement should be comsidered
a8 = design objective. One delegate suggested that the presesce of s hum rejection
filter only on the send side of so=e equipment might mesn that more than half of the
overall limit shnuld be allocated to the send side.

With regard to the limits for the minimss group propagation deisy, some
delegates considered that a slightly larger allowance shouid 3pply to the encoding
function because, for examole, it would Seem reascnable for a single channel eacoder

- to take up to 125 s#s o produce an cutput Sode word. In the decoder, the reconstructed
output 1s available almost immediately after the ipplication of the input code word.
Even with 100 $ sasple and hold the conssquential delay is only §2.5 us. It might be
appropriate to allocate the separate lisits by applying the following equation ¢

2F + 125 + 62.5 = G.T12 1limit

where F {3 the delay of the fllters.




iii) Adjusim-nt of relatiocship Betvees encodizg lav and sudic level

()
€

»
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&
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The gaii accuracy of each of the sezd ard receive fises should e

Comment : this is the same requiresdnt that alresdy exists in G.712
= parsgraph 17.

iv} 3bort sad long ters stability

much of the sesd and receive limits sEouid be half of the S.TI2 limats

The foliowing 1imits are based upon calculations of what separate iiaics
ars required to gusrantse the G.712 overall performance for any combination of send
and reseiwe sides. 3Jees the commmntary.

TARLE 2

Sigeal to total Sistortien as & furction of imput
Jovel (4B) ~ Nethod 1

r
Iiﬁ s_-a‘-mmiu Scairb!:eeii;
-+ side side side side
-3 219 2.1 28.1 2.5

— -4 35.5 36.7 35.7 3.5

s -1 35.1 3.4 3.9 3%.0

= -3 33.% .7 33.2 .3

= w0 28.8 2.1 2.0 2.5
-55 13.7 15.0 15.0 ;‘3.5'

Bote : The mask is comstyucted Uy ictercomnectiing the points by straight lines.

Netipd 2 - sise yave

The foliowing limits are based upon calculations of VBt sasarats lizmits are -
requirad to guarsntes the 8.712 overall performsnce for any combinmstios of send and
receive 3idss. Ses the osumestary.
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level H

s Sezd Zeceive Send Sep2 Recezve
ife side sife side Tide

0 35.5 330 35.3 35.5 k.3 36.%

-x 3.5 B 35.3 36.5 353 36.%

-0 28.5 ¥.5 5.3 30.5 2.3 x.5

-:5 2.5 25.6 2k.3
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Ncte : The mask is constructed by interconnecting the points by straight linas .

Comment 3 the limxits shove iz Tabler 2 ot 3 sre srizusted Iyom the
Delayed Comtribtution XTI except for s=ome of the velues showr im Tshie I which are
exirasted from Comtritution OOM XSiII-Bs. 252, z

They are al! Lased oo salcuiati to deternine vhat srjarsie se=d and
Teceive perforsacces ars reguired iz order o guarantee that for sy combiasstion of 3
send aoit receive sides, the existing oversll lisits coutained iz $.7I2 sre sivars =t 3
for asy izoput level. The overall Iimit is spporticsed oo £ 2 - I Sasis in favour of
the send side. The lixits $0 derived letve littie mmmulactur: 3
2slegutes sgreed that these vaiues wight oot e schiszsbie. Sowerver, it vas agresd
that they soo=ld fors the basis for further study.

W

3
é
R
2

The A=—=ex of Deisyed Contrikutics EI it 8 thecretica® ssaliysis of the abowe
asd it is reproduted 33 Appendiz i s txis Eepori.

Tor the theoreiizal backgrowmsd o the Italiss documest releremce can be

:

ALTA PREQUINTA So. 2 Yolmme XLIV - 1575, pages ST-65, titled

"Accuracy sssigmmest azd seperate performasce Ssessuremest iz the E
transxitting asd receive ecds of PN =itiplexeis™

by G.5. Capecchiace? s=d A M Molinmari.

These ud seferentes shouid be stmlisd 1o drcite wRIChH Fssagplions ares

3cre valid vecause there are scoe 2ifferences WHich ooid oot e Tess
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vi) 1ldle channel noise

Figure 1 shows the measuring arrangements together with a summary of tne
various proposals. In comparing the proposals for the send sides, the only difference
is the limits. For the receive side, some delegates considered it necessary to
introduce the signal shown as Xi which, in effect, 48 a test to ensure that the deloder 1
quantum step sizes are not excessively large.- Other delegates considered that iais
extra complexity was not necessary since other requilirements, such as quantizing
distortion and linearity, ensure that the quantum step $izes are reasonably precise.
This point requires further study.

}——"— SEND —B‘:— ————— * i RECEIVE -—T'—% )

AL X1 Yo
174 (UKPO)
252 (Italy)
284 (Prance) Bl (NTT) 306 (ATT)
294 (FRG)
Al - - -
- 66 dBmOp - 67 dBmOp - 68 dBmOp
- - 67 dBmOp 1) 1idle code
coded white noise 11) L
o | e | e |5 IEE0

& - 68 dBa0p coded white noise with
variable dc bias of + 7 quantum steps

Figure 1 - Idle channel noise measurement arrangements and limits

vil) Inter-channel crosstalk

For both far end and near end crosstalk, it was recognised that there were
two contributions to each. These are termed local and distant terminal contributions.

After considering the various contributions and after considerable discussion,
it was agreed that the method of defining crosstalk in G.712 1s not entirely
satisfactory since the gain enhancement effects that can occur in encoders at very low
input levels mask the real crosstalk. A test method that effectively evaluates the
analogue crosstalk is much more approprizte and it was noted that a number of earlier
contributions have been made on this subject (COM SpD-No. 59, August 1970 and
COM XVIII-No. 8). They are all based upon the concept of adding a low level activating
signal into the disturbed channel. -

b

1t

Figure 2 illustrates the measuring arrangements that are appropriate as a
basis for further study.
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a) Far end crosstalk (FZXT)
Al x

¥ ¥

——>— SEND p————— -~~~ ——— RECEIVE |——3—

local terminal distant
contribution terminal
comtributiofi

——€—{ RECEIVE f————— ==~ ~ ———] SEBD |

i . ¥ 4

Co Zo Y5
b) Near end crosstaik (NEXT)
:; Figure 2 « Near and far end crosstalk
= Key :
= AL disturbing signal X{ disturbing signal
= Bo local terminal contribution Yo distant terminal comtribution
to FEXT to FEXT
Ci activating signal Yi activating signal
Co local terminal contribution Zo diatant terminal contribution
to NEXT to NEXT

S

viii) Go=to-return crosstalk

The same couments apply to this parameter as stated above for near end
crosstalk. However, the eventual limits nay be somewhat different because of the less

stringent requirenent of G.712 in respect of this parameter.

[

o

o

Ll

W

BRI

T e T




- 146 -
COM XVIII-No, 1-E

ix) Var:iation of gain with input level

It was noted that this was another parameler for which the two possibie telt
methods represent a different level of stringency; the metnhod baseg upon tne u.e of
sine wave signals being generally much more easy to setisfy. For the latier, a Iyl
of the overall limit on a 1 : 1 basis between Lhe send and receive sides wds nct
considered. to pose any real cdafficulties.

The limits shown in Table 4 are based upon the figures in
Delayed Contribution BI which are calculated assuming worst case aadition for any
combination of send and receive sides. The group considered them suitable as the
basis for further study.
TABLE U4

Variation of gain with input level - Method 2 (sine)

Input level Send or receive side
4Bm0 limit (dB)

+ 3~ -l + 0.25

- 40 ~ - 50 * 0.7 T

- 50 ~ - 55 + 1.8

In the case of Method 1 (noise), it was not possible to agree on what btas:s
the dverall limit should be split. Some delegates favoured an equal split while others
thought a split in favour of the encoder to be more anpropriate.

All delegates agreed with the view that the requirenment for the input signal
range - 55 to - 60 demO was very stringent and possibly unnecessary. Bea ing in mind
that these signal levels are down in the same order as crosstalk and noise signals
present on the system, this point should be studied further. As a basis for this work,
it was recognised that the Appendix of COM XVIII-No. 252 (Italy) is a useful document
and this i{s appended to this report.

T. Additional observations

During the discussions a number of observations of a general nature were
made. These points were not considered to be within the terms of refsrence of the
group, but are nevercthelsss brought to the attention of Working Party 2/XVIII.

i) Some delegates noted the poor correspondence between the two methods
recommended [or Lesting total noise and linearity as aefined {p G.712. 1In particular,
the linearity required at very low levels for the nolse test zmethod i3 very stringent
and it is recompended that the need for this level of performance should be reassessed.

13 Some dciepates noted that some ron coraticon 28 2712 may bo o

¥ H
to reflect the results of the study of separnt tec:fication of PCM channcl

He
S.
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including QD

TABLE 1
Nev linmits f
required for
Parameter ? Comment
Send Receive
gide side
Attenuation freguency ' 7
Envelope aelay - 7 s
distortion and minimum
group propagation delay
Impedence and return _ _ already scvered
loss
Longitudinal balance - - in G.T12
Idle channel poise e Ve
. - already covered in
Single frequency noise - in G.712. These are
only applicable to
Receiving equipment - - receive side
noise performance
Discrimination against - - already covered
out-of~band input G.Tlg. Only
sigoals ‘ applicable to send
side performance
Spurious out-of-band - - already covered in
signals st output G.Tl?. Only
applicable to the
receive side
performance
Intermodulation - - Workiug Party 2 has
previously agreed
that it 1s not
ascessary to
separately specify
Total distortion J 7

Spurious in~band
signals at channel
output

the Group considered
that it was not
necessary to
separately specify
this parameter
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TABLE 1 (ccn-.)

1-E

i
(i

Recommendation G.T12.
measureménts arrangement to be adopted.

New limits
required for
Parameter Comnment
Send Receive
side side
Veriation of gmn 4 7
with input level
Interchannel / / both near end and
crosstalk . far end crosstalk to
be considered
Go to return 7/ 7 local and distant
crosstalk terminal
contributions to be
considered
Interference frca - - the Group
signalling considered -hat it
V&S DOt NECesSSAry
to separately
specity
Relative levels at - - already covered in
ioput and output G.T12
Short teras an. .0ng 7 e
term stability
Adjustment of e /S this 1tem is

relatioaship between
encoding law and
audio level

already effectively
covered in G.T12

For some parameters the appropfiate limits already appear in

However, they will need to be considered in terms of
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Appendix 1
to Annex 4 to Question 16/XVIII)

Separate specification on total distortion including
quantizing distortion

{Contribution from Nippon Telegraph and Telephone Public Corporation)

1. Allocation of total distortion to sending and receiving sides

Notations used in the Appendix are shown in Figure 6. The following
assuwptions are considered here.

(1) In Figure 1, degradation in sending side, NS, end degradation in receiving
side NR’ are assumed to be added on & power—sum basis.

{2) In Figure 1, N_ is permitted & times as much a&s NR. From circuit experiences,
a = 2 seems reasonable.

\
—{DECODER }—

Ng Np

I

(9}
o]
=}
m
w

Figure 1 - Degradation in a codec

The signal-to-total distortion ratio for the end-to-end of the codec is written as
(s/N)SR = s/(wQ +Ng + NR) ceeecesssseneas (1)

Measuring separately, S/N values for a coder and a decoder are respectively given
as follows :

Now, from Eq. (1) and Eq. (2), the following inequalities can be written.

eeeteeeneneaenaas (2)

=

(s/N)s=s/(NQ+NS)31o vecareescaanasss (3)

b II
(A R

cly

I
w

(S/N)R=S/(NQ+NR)21Q ceneeoncenecacss (4)
t

10
(S/N)gg = S/(Ny + Ng + Np) 210 10 ieee (9)

When a coder satisfying Eq. (3) and a decoder satisfying Eq. (4) are connected, the
end-to-end performance of the codec should satisfy Eq. (5). Then, the following

condition should be met.,

= - . -_% -5
= 10 19490 Wmyo Wi0 0 .ol (6)
E - From assumption (2) mentioned above,

-X - L -5

10 910 Vax(io Cir0 Vy.iio

is obtained.
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Now, curves can be drawn which represent Eq. (6) and Eq. (7) for given f and LZ
g. Since f rnd g are dependent upon the input level, £ , a number of curves can be
obtained corresponding to £ . In order to guarantee the existing G.712 S/N Limnt
when a coder and a decoder are interconnected, the level, ¢ , which maximizes
(g - 1), should be used. In Fig. 7(a), shaded area shows the region where the S/N
of a coder-decoder pair is guaranteed to satisfy the existing G.712 S/N limit even
in the worst case. The point P on the curve corresponding to Eq. (7) provides the
dnir;blo separated values which maximize the permissible margin from the theoreti-
cal S/Nq.*

In 810 contribution, COM SGXVIII - NO. 174, the point Q was selected for the
allocation. Although the point Q can provide the larger margin, the end-~to-end S/\
performance cannot satisfy the G.712 S/N limit in the worst case atany input level
except the level to minimize (g - 1).

The allocation method described above enables to easily obtain the required
S/N increase from the G.712 S/N limit and the marg:n for manufacturing.

FRRHFR

2. Numerical cxamples for the sinusoidal measurement (Method 2)

Fig. 7(b) shows the separate specification for 5-bit [y -law encoding obtained
with the S/N allocation method illustrated in Fig. 7(a). The required S/N increase
is 2.3 dB for a sending equipment and 3.4 dB for a receiving equipment. The
minimum margin, mg and mg, is 2.7 dB and 1.6 dB, respectively, which seems
realizable from a manufacturing point of view. In this figure, the end-to-end S/N
performance in the worst case is calculated to 1llustrate that any combinations of
sending and receiving sides can meet G.712 S/N limit at any input level.

In Fig. 7(c), the separate S/N limits obtained above are applied to A-law
encoding. The minimum margin, mg #and myp, 1s 4.5 dB and 2.5 dB, respectively.
The end-to-end S/N performance can satisfy G.712 S/N limit in the worst case.

Accordingly, this separate specification may be regarded as a possible
separate standards for Method 2 common to both 4/ -law and A-law encoding.

ORI

3. Numerical examples for the white noise measurement (Method 1)

When the cross point between Eq. {6) at the input level to maximize (g - {) and
Eq. (7) at the input level to minimize (g ~ f) is selected as a separalion point, the
resultant minimum margin, Min. {mg).and Min. (mg), 1s too small to realize pracuical
circuits in case of Method 1. 1t is, therefore, necessary to change the values of the
S/N increase from the G.712 limit, depending upon the several input levels corres-
ponding to the edges of the G.712 S/N mask (Figure 4/G.712). Fig. 8(a) shows a
separate spe~ification of 8-bit_u -law encoding for white noise measurement. The
end-to-end S/N performance in the worst case sauslies the G.712 S/N Limit at aay
input level. Minimum margin, Min. {mg) and Min. {mp), 15 2.5 dB and 1.4 dB,
reapectively.

For A-law encoding, the separate S/N limits can be specilied in a similar
manner. Fig. 8(b) is an example of separate S/N lmits for 8-bit A-law encoding.
The separate specilication guarantees to meet the G.712 end-to-end S/N limit in the
worst case at any input level. However, from a manufacturing point of view, it seems
extremely severe to clear this separate specification at low input levels where mini-
mum margin, Min. (mg) and Min. {mR), 1s approximately 3 dB and 2 dB, respecuvely.
Some relaxation may be necessary in this case. i

According to the numerical examples shown above, it may be impossible to pro- ]
vide & common separate S/N limit for both {{~law and A-law encoding, when the end-
to-end S/N performance for any combinations between sending side and receiving side
is required to satisfy the G.712 S/N limit (Figure 4/G.712) at any input level.
Further study may be necessary in this connection.

RN
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S/N Theoretical S/Ng

( e mR ms

7] ¥ G.712 Spec.

L

L ——1Input level

g : Theoretical S/Nq (dB)

f . G712 Specification {dB)

x : Sending side specification [dB)

y . Receiving side specification [dB)

ms : Margin for manufacturing sending equipment [@dg
mg . Margin for manufacturing receiving equipment (dd

2 :Input level dBmo)

Figure £ - Explanation of the notation
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8 bit p-law encoding
Sinuscidal test (hethod 2}

S/H Theoretical S/N_ for J-law encoding
{as) § S/N limit*for receiving side
S/N limit for sending side
40 4 .
Iy
1 'c'\’w .
30¢ G.712 specification
End-to-gt}g perforzance in the
} § worst casé
204
55'2.368 Min. {m_)=2_7dB
2 4 D,_=3.4d8 Min. (a)=1.648
R . R
105 -10 -20 -30 ~40  -50

)

Input level {dBm0)

igure 7{b} Separate specification applied to y-law encoding

8 bit A-law encoding
Sinusoidal fest (Method 2)
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Yeriation of gsi:

(Contri

Particular care has been taken vhen aralyzing this rerfor=ence because the
relevant requirement of Reco=mendation G.712 see=s & *

*]

Measuresents on equipzents of different manufacturers indicate ihat
Recormendation $.T12 is complied with good =zargins dovn to input sigznal level
-50 3B=m0. Conversely the cmargins are reduced vhen the input si is er

then -5C dB=(. It has also been observed that Escommendation . »
versus level, with sine-vave signal (method 2} is less restrictive than
Recommendation 6.712 vith roise signal {method 1}; in fact the fclloving table holds
true :

Level Margin Margin
with with
{ae=s) sine-vave signal ncise signal

-0 {not specifisd} 148
=55 > 2 4B .5 48
-50 > 0.7 4B 0.5 48
Margin = Recommendation G.T12 mask =imus theoretical gain variaticn.
On the basis of these considerations & computer simuiation has been carriss

out in order to reach "reasonsble” separate limits valid for the send side and t
receive side, respectively.

by

It will be possible tc deduce from the folloving discussien that the sisgle
division by two of the present Zeccmmendation G.712 leads to -n excessive
requiresent on the accuracy of the decision and reconstruction lavels.

At signal levels lcwer than -55 dB=0, it is difficult ic set separat
in view of the extreseiy coarse guenti:zation of these signels. Meoreover, at
levels no limits are set by Recommendation G.712 i t
ratio.
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For the above reasons, 70 separate ii=mits for gain veriation have been

~EL5

considered for input levels lowver than =55 d4Sm0.

)

Send side

In the study, it has %een assumed that t
the decision levels, and thal the reconstruction !
nominal values. A statistical analysis has beexn ¢
probability dansity of the tolerance vithin the =g
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Final remarks

The separate performance limits proposed, appear adequate for aquipment of
reasonable complexity.

It can be noted that the separate limits proposed for tests with noise
signals are still more severe than those proposed for tests with sine-wave signals.

It seess vreasonable to consider a statistical approach in defining separate
limits. In fact, a worst-case analysis could easily lead to the practical
impossibility of dividing the limits of Recommendation G.712 between send and receiv
sides. As an example, Figure Al depicts the worst cases of gain versus level for
send side only ) , receive side only @ anrnd end to end @ . To obtain the curves
of Figure Al the decision levels + 1, + 2, + 3, + L have been assumed to be 10 %
smaller than nominal, vhile the reconstruction levels + 1, + 2, + 3, + L have been
assumed 5 % greater than nominal.

Obviously this case does not satisfy Recommendation G.712 neither for end
to end nor for the send side alone, the probability of this case being nevertheless

negligible.
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17/XVIIT - Characteristias of PCM multiplexing eguipment an
terminal eguipments for vecice fregquencies 2
. : H Y . - I sA (Ot . 1 Lo~
{Continuation of part ol Question 3,XVIll, studied in i977-1v25 g

conzidering

malatennne.e phils spng

that rerent progress
endations orn PUM

studies might result in & need
multiplexing equipment;
that studies on en. >ding methods <¢f speech and voice~band signels other than
PC¥ and also studies on higher order PCM muliiplexing eguipment might result in & need
for recommending new terminal ejuipments for voice frequencies;
a)} what modifications to existing Reccrmendations $5.731~733 and $.75L should ze
made 7?7
b} What new terminal egquipment should be recommended for voice frequencie.
ther than those recommended irn Recommendations 5.732, G.733 and G.7hL 2

Note : Coding parameters for analogue-to-digital conversion processes, other than PCH,

i1l be studied under Question 7/XVIII.

QUESTIOR 18/XVIII - Cnaracteristics of digital multiplex equipment and
multiplexing arrangements for telephony and other signals
(Continuation of part of Question B/XVIII, studied in 1977-1980)
]

considering

that the introduction of large-capacity }51%&; transmission systems as well
as wideband encoders for video signels may reguire Recommendations on higher-order
hierarchical levels and associated digital multipl exi,g eQ"‘ament;

that octet-interleaved synchronous multiplexes msy find wider or more
flexible applications in digital networks;

that the progress in the digital netvork structure studies may result irn the .
modification of the present Recommendations on digital exchange terminals or definition -

o

of new multiplex arrengements between exchanges;

i

s

what new or modified arrangements or characteristics for the foilowving
applications should te recommended ?

=
&
3
*
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- digital multiplex equipment using justification;

= - synchronous digital multiplex equipment;

- multiplexing arrangements and related charactaristics 10 be used betveer
digital exchanges.

In particular, the foliowing specific points require study :

= Point &) - What modification is required in the existing Recommendaticns relevant <o
digital multiplex equipment using justification techniques {G.742, G.7%.3, etc.) ©

m
I

= Point b} - What higher order or non-hierarchical digital multiplex equipment us
justification should be recommended {see Question 19/XVIII) 2

1} above the fourth order at 13026L kbit/s

2} above the third order at 3206L or LL736 xbit/s

Point ¢} - In defining the specifications pertinent to points a) and t} above, shoul
= provisions be made to multiplex the n-th order signals directly to {(n+m)-th order
= (m 32} 7

= Point d) - What modification is required in the existing Recommendaticns relevan:
to synchronous digital multiplex equipment and multiplex asrrangement for use with
digital exchanges (G.73k4, 6.T35, G.736, G.737, G.738, G.739 and G.7i6} 7

Point e) - What new Recormendaticns are required in the area of point 4} above *

Point f} - What conditions could be set concerning the use of service tits defined in
the muitiplex frame structures ?

= Hlote : If interfaces should be specified for access to these bits, reference should be
made to the studies undertsken under Question 3/XVIII.
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QUESTION 19/XVIII - Hetwork aspects of existing and new levels in the
digital hierarchy

Considering

a} that the digitel network is expected to expand both in the trunk anag the

local area;

b} that services other than telephony and data will have to be accommodated in
the netvork and are expected to share the facilities to be provided;

c) that new technological development may enable efficient use to be made
of existing and new transmission media;
that the introduction of new services may require tne provision cf new

d)
levels in the digital hierarchy.

1. What levels, if any, in the digital hierarchy should be defined in addition
to those already recommended by CCITT ?

2. What should be the basic characteristics of multiplexes (transmission
_ capacity, frame structure, service and maintenance facilities to be incorporated),
which will serve as a basis for the subsequent studied directed as establishing

recommendations for equipments ?

i

Note 1 : When new hierarchical levels are defined, account should be taken of (e.g.
their possible use for various services).

Note 2 : The characteristics of digital line and radio sections are studied under
Question 11/XVIII. . 3

Annex
(to Question 19/XVIII) E

.

Summery of the study perfcrmed during the 1977-1980 study period
concerning digital transmission of sound prograrme signals

Various proposals for digital transmission of sound prograrme signals are

sunmarized in Table 1. It is noted that this Table is only for information purpose.

The Appendix gives the reply to CMIT concerning digital transmission of
sound programme signals.
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Beply to JMTT concarning dizisal sransmissicn of
souni-crosrancs signals
1. Introduction

In Delayed Zontritution P of Study Group XVIIT (dref revision of
Repart GL7/0VTT] CYTT asks Study Group XVIID severs! questiors relatings to the
digital transem:ission of sound programme signgls. These quesi:ion: are found in
Annex 1 of the Docusent P / CYTT/301(Rev.i) /.

The questions relate to items vhich are at present under stuly in
Study Croup XVIII. Consequently this “acument is an interin reply ard further
infr-sation will be forvarded when it 13 availstle.

2. Specific snsvers
i} Prror rate, error distribution, etc.

These factors and their suddivision emong various parts of the total netvorr
sre currently teing defined In Question !/XVITI. lecommendation G.821 &3

i tion gives the
resulis of ine studies so date.

ii} Access to the netvork

8] The number of sound programze circuits required on internstional connections

is generally supposed to be szaller than primary level digital path capecity whick i
equivalent to thirty or twenty-four voice channels Conseguently, iz the case of
digital sound programme transzission, it seems tc ve very advisatle to standardize
terzinal station arrangement vhich vill aliov the cost-effective joint use of the
prisary level digital paths. For this applicaticn, the gross bit rate of a digitized
15 kHz sound prograrme signal or 38k kbit/z see=s adequate to Study Sroup XVITI. The
access to the pricary level should be either through a new electrical izterfsce or
through ao existing 20L8 or 15k kbit/s interface {(cf. Reccoendazion G.703).

bj Where the entire primary level digital peth is dedicated to a rumber of sousd
channels the access may be at the primary bit rste. The gross bit rate of a digitizes
15 kliz sound-programe channel may be 3BL kbit/s (5 channels in 20LB kbjt/s, L channels
in 15Uk kbit/s). Hovever, in the case of 2048 kbit/s hierarchy, it could be reduced
below 38k kbit/s in order to provide 6 channels on one 204BA kbit/s digital path.
In the latter case it could be pecessary to define a frame structure of the
2048 xbit/s signal different from thst recomeended in Recommendation G.732.
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In the case vhere the introdust orn =f s
unlikely to be geared to tne needs of digital scu
into account the evolution towards a synchrondus =
level should be in such a way as t0 allow asyschraoncus Ope
technique.

I ]

[ b

The content of a digital signal at 33% kbit/s choul: b
includes & szmall amount of spare capacity for housckeeping funstions inciuding tue
Justification inforrmation {not =cre than a fewv kbit/s}.

Study Group XVIII shall define a rmul
{which wili not =sake use of this spare capacity
access {vhich does =ake use of the spare capac

The system concept envisaged is given in Figure 1. Study Sroup XVIII will
decide iater if a new Jdigital interface should be specified ¢r not.

It is expected, that tnc clock-freguency inaccurracies of the encader and of
the parts of the netvork, in the case of ssnchronous access, vill not be more than
* S0 ppm each.

b! in case ii (b)
Since a complete primary level is used, the access need not be synchrondus
vith the rest of the network. If suvitching in the digital mode of sound progra=se

channels is envisaged, slip will occur unless the total network incolved is
synchronized.

iv) Tariff princigples

Tarif{ principles are not the responsibility of Study Group XVII

v) Aspects of =uitiplexing and network syrchronization

CCITT has recommended in Recormendation 5.811 that the irternaticnsl 5ig§tai
links should be operated in a plesiochronous manner vith refersnce clock of very high
aceuracy (10711). Tnis impiies that the naticnal netvorks are either fully syn‘. ronous
or plesiochronous vith the same accuracy.

i sioct
interconnection is the resulting theoretical siip rate, taking into account CEQfR
accuracies sccording to Recommendation 5.811 only. However, account should alsc &

taken of rractical netvork characteristics encountered under normel cperating cconditions
even where synchronized naticnal netvorks remain synchronized. As & guide,

draft Aecom=endation G.822 for a 6k kbit/s end-to-end connection (switched or
gersanent ], Zentions suggested value of 1 slip in S hours.

¥ e

-
-
*

s pointed out that a slip rate of 1 slip in 70 days per ples

Digizal scund prograsme chennel interconnection can e realized wvitheut any
frejuency adagtation if the terminal stations telong to the saZe synchronous ﬁe§¥ark.
Jimple frequency adaptation bty means of slip technigue is permitted if the terminal
syaricns belong to different synhurenoas netvorks vith the clsck-accuracy as spexiflied

in Yecomsendaticn o.811.

|
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atation will

= it is noted that the above syncuronous interconnection applies withour any
= restriction as iong a5 <he Telecommunication Administrations are responsible for
In the event that encoding should become the

terminal station including encoding
responsilility of the Broadcasting
are in synchronism with <hat in th

Jrganizations, it is only applicable if their clocks
e network of the Administration concerned.
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STUDY CF THE INTEG™ TEo SERVICES DIGITAL NETWORE (ISDN)
Examination of the Qué.tions drafted by Study Groups III, IV, Vi

and XVIII reveals that each Group intends to § udj various aspects of the
order to avoid overlapping and pCSSibl: 1licting results th
VIIth CCITT Plenary Assembly agreed that the areas of responsibility for

of ISDN should be assigned as follows :

1. Services and facilities interpretation and coordinaticn
{taking into sccount the reguirements identified by
Study Groups I, II, III and VII).

2. General ISDN aspects and guidelines, quality of service,
numbering, performance targets, maintenance principiss
and miscelianeocus subjects not more specifically
identified (saking into account the requirements of
Study Groups I, II, IV, VII, XI, XVII, and OMBD).

Hote : It is considered that Items 1 and 2 above sre
of high priority. .

3 Digitel transmission standards and performance (lscal

and inter-exchange). The study of hypothetical

reference connections is in the competence of

Study Group XVIII, the study of hypotheticsl refersnce
itel paths is in the competence of the specialized

Study Groups of CCITT and CCIR, the study of relisbility

snd availability is to be ccordinated by CMBD.

Rote : Also of interest to CCIR.

L. Sv‘*ching aspects and parameters (taking into account
‘ the requirements identified by Study Groups VII, XVII
and XVILI:.

Note : In the case of mixed mode switches (e.g. ISDY
circuit and packet) other Study Groups wiil also be
consulted.

5 Inter-exchange signalling system (Message Transfer Part
{¥7P) and appropriate User Part{s)} {tsking into accoun:
the requiregents identified by Study Groups VII and IX}.

& =bs;r10er-excnanse signalling system {taking into
accouat the reguirecents ‘den ified By Study Srouns I,

II, VII and XVII and cecordinated by XVIII - see Itex 2}).

the study
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Subscriber-network interface

i) Interface B
ii) Interface A - Voice services
iii) Interface A - Non-voice services .

iv) Interface A - Alternate voice/data

v), ii), iii), iv) and the subscriber signaliing
system identified in 6.

Interworking (inter-service and inter-network)

i) Data

ii) Telex

iii) Telephone

iv) Data over the telephone network

v) Teletex

vi) Facsimile

Note : Collaboration between the Study Groups referred
to above will be required to ensure compatibility in the

carriage of the various services on ISDN and other
networks.

Digital telephone instrument

Tariff aspects

X1

XI

VII/XVII
VII/XI/XVII

VII

IX

I
I/11/XViI
I/VIII
I/VIII

XII

III
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Subscriber terminals
Network termination
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Functional interfaces A, B, D

Subscriber line transmission
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Figure 1 - Possible functional interfaces®’ in digital local access

*) Interface" - "a concept
haY

-~

avolving specification of the intercornection cena

i
rage 89, Orange Book, "Definitions"
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